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Where do we go from here?

It s a simple question, really, and one I ve heard many times over the years. You prob-
ably have, too. As we re ect on the past and look to the future, it s not unusual to wonder 
what that future holds. It would be nice to have a crystal ball and be able to see a year or 
two or ten years into the future. Of course for all the magic that is ham radio, thats not part 
of our bag of tricks.

In years past I have been in a number of meetings, discussing the future of Amateur 
Radio. I remember when packet radio was the hot new topic, and there was a lot of discus-
sion about building packet networks to link all Amateur Radio operators through one or 
another networking plan. While the days of packet bulletin boards and that initial burst of 
activity may be waning, others have quietly gone on to build new network opportunities 
such as the APRS network, with its messaging opportunities and emergency communica-
tions capabilities. Many operators use WinLink and other message forwarding techniques 
on a daily basis.

Software defined radio has been a hot topic for many years now. We continue to see 
new developments and improvements in radio technology and capabilities. Most modern 
transceivers make use of at least some aspects of the SDR concept. While some of the 
best performing radios still rely on traditional radio circuitry, they also allow new software 
versions to be downloaded directly to the radio, with vast new capabilities and subtle per-
formance enhancements. Other high performance radios have moved toward the concept 
of direct digiti ation of the RF signals, with all processing done in dedicated digital signal 
processing ICs and personal computers. Whether you want to buy or build a high-perfor-
mance radio, there are plenty of opportunities to play with SDR.

Another bu word I ve heard a number of times is adaptive radio.  As I understand it, 
the concept is that the transceivers might be able to change their operating parameters 
automatically, based on band conditions and communications modes. Perhaps the radio 
detects interference from another signal near its operating frequency. Filter bandwidth and 
passband position shifts to cut out the offending signal. The radios communicate about 
received signal strength and other band conditions under the operators communications 
and adjust transmitter power and perhaps even digital data speeds. All of this happens 
without any operator intervention. Some of this may sound a little farfetched, but is it 
really  What can we do to build more intelligence into our radios  What new features 
would you like to find on your next dream radio

What other changes do you see on the hori on  Will we see years of subtle changes 
and improvements to our current circuitry and techniques, or is there some new idea 
ready to break through and change the way we define radio  in the future  Are there 
radical new antenna designs waiting to be discovered, or do we know all there is to learn 
about antenna design  What new digital (or analog) communications techniques and 
modes will be invented or evolved  What do you think

QEX has published the technical details of all these past developments, and continues 
to help advance the state of the radio art. Whether you want to learn about the latest tech-
niques or want to experiment and push the envelope yourself, we want to bring you the 
information you need. I am sure we will continue to have articles about packet networking 
systems and software defined radios. There is also still plenty for most of us to learn about 
more traditional circuitry. We haven t seen the last of articles about crystal oscillators or 
direct digital synthesi ers. We are sure to see more articles about a different approach to 
(or maybe a rediscovery of time-honored methods of) antenna design and construction.

I believe many of us want to read about your ideas of what the future will look like. What 
new circuit ideas are you experimenting with  What visions do you have for new radio/
communications circuit methods and modes  Whether it is a pie-in-the-sky wish list of 
performance features or information about a circuit you have built, we would like to hear 
from you. After all, if QEX is going to bring new ideas to the world of Amateur Radio, we 
depend on you, our readers, to write the articles to present those ideas.
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Jon Wallace

111 Birden St., Torrington, CT 06790, fjwallace@snet.net

Amateur Radio 
Astronomy Projects

The author participated in a variety of activities during the
International Year of Astronomy in 2009.

As my IYA 2009 (International Year 
of Astronomy) activities come to a close, I 
would like to share some of my favorite radio 
astronomy projects with you in the hope that 
you will enjoy them as much as I have.

I am a science teacher in Connecticut. 
I have long thought that too much stress is 
placed on visual science, and I’ve always 
tried to expose students to non-visual experi-
ences. With this in mind, I started exploring 
radio astronomy in the early ‘80s and joined 
the Society of Amateur Radio Astronomers 
(SARA). I got lots of help building projects 
and have been at it ever since (check out 
SARA at radio-astronomy.org).

The fi rst project I will discuss, a solar 
radio in the VLF range, is one I started many 
years ago. It is very simple and yet yields 
data that can be reported to a national orga-
nization and is used to do “real science!” It 
studies the reaction of Earth’s ionosphere to 
solar activity by measuring the intensity of 
a received signal. These radios are known 
as SID (Sudden Ionospheric Disturbance) 
monitors, since they are measuring the 
changes in intensity of a radio signal due 
to ionospheric disturbance caused by solar 
fl are activity.

Ionosphere 
This region of the atmosphere is ionized 

by solar and cosmic radiation. It ranges from 
70 to 1000 km (about 40 to 600 miles) above 
Earth’s surface, and is generally considered 
to be made up of three regions D, E, and 
F. Some also include a C region and most 
experts split the F region into two (F1 and 
F2) during the daylight hours. Ionization is 
strongest in the upper F region and weakest 
in the lower D region, which basically exists 
only during daylight hours. This is because 
the number of free electrons increases as 

Figure 1 —Earth’s atmoshphere, including regions of the ionosphere.
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you rise through the atmosphere, reaching 
radio signifi cance at about 70 km. You also 
have lower pressure at higher elevation. 
These conditions lead to the production of 
more monatomic gases and ionization that 
lasts longer because of the distance between 
atoms/molecules. Most of the ionization we 
are discussing is due to ultraviolet light, but 
at lower altitudes X-rays are needed to pro-
duce the ionization seen. Figure 1 is an illus-
tration of the Earth’s atmosphere, including 
the ionosphere.

Solar Flares 
Flares are enormous explosions that 

occur near sunspots on the surface of the 
sun, lasting roughly an hour and heating the 
region to millions of kelvins. See Figure 2. 
Most astronomers believe these events are 
caused by the sun’s magnetic fi eld. Since 
the sun is a fl uid, magnetic fi eld lines can 
get twisted. Near sunspots, the fi eld lines get 
so twisted and sheared that they cross and 
recombine releasing an explosive burst of 
energy that can travel tens of thousands of 
miles off the surface of the sun. Obviously, 
as this energy makes its way to Earth, ioniza-
tion in the atmosphere is greatly enhanced. 

Flares are thus closely tied to the 11 year 
sunspot cycle. The sunspot cycle relates to 
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a solar magnetic cycle, which runs for 22 years. During the first 
11 years, sunspot frequency increases to a maximum and then 
decreases. At this point the magnetic poles flip polarity and the 
cycle begins again for the next 11 years. We are currently coming 
out of the Cycle 23 minimum and some sunspots from Cycle 24 
have been detected. Figure 3 shows how the positions of sunspots 
on the Sun’s surface create a butterfly pattern, with 12 sunspot 
cycles represented. 

Flares that can be detected with VLF radios are generally 
caused by X-ray flares and have various flux levels associated with 
them. Figure 4 explains the classification of these flares.

The flares we can detect with VLF radios are C, M and X. C 
flares and below are fairly weak disturbances, with little effect on 
communications. M flares are medium sized flares that can cause 
short periods of radio blackout and minor radiation storms. X 
flares are large events that cause major planetary blackouts and 
radiation storms. When I’m not sure whether or not I’ve detected 
a flare, I always check “The Solar Events Report” at the NOAA 
Space Weather Prediction Center (www.swpc.noaa.gov/ftp-
menu/indices/events.html). Here they list events by day and time, 
which allows you to check your results.

VLF and the Ionosphere
During the daylight hours, VLF signals generally pass through 

the D region and are refracted by (or reflect off) the E region, thus 
leading to a weakened signal. During a flare event, the D region is 
strengthened and acts as a wave guide for VLF signals, since the 
wavelength of the signal we are monitoring is a significant part of 

Figure 2 — A large solar flare, as shown at 
www.suntrek.org/images/big-solar-flare.jpg.

Figure 3 — This graph of multiple sunpot cycles shows how the positions of the sunspots move from the 
polar regions towards the equator as the cycle progresses. This creates a butterfly pattern. The image is 

from http://upload.wikimedia.org/wikipedia/commons/9/93/Sunspot_butterfly_with_graph.jpg.
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the height of the D region. (Remember that 
= c / f, thus 300,000 (km/s) / 20,000 Hz = 

15 km). In addition, the signal refracts in the 
D region now, and less loss is experienced 
since it no longer passes through the D region 
to refract in the E region. This generally leads 
to a sudden increase in VLF signal, called 
SID (Sudden Ionospheric Disturbance). 
Sometimes the VLF signal could be reduced 
(as with my particular VLF radio) because 
the low refractions have more collisions of 
waves and this leads to increased destructive 
interference. 

A quick way to check the performance 
of your VLF radio is to monitor sunrise and/
or sunset. Remembering that the D region 

X-Ray Flare Classes
Rank of a flare based on its X-ray 
energy output. Flares are classified by 
the order of magnitude of the peak burst 
intensity (I) measured at the earth in the 
1 to 8 angstrom band as follows:
Class (in Watt/sq meter)
B I < 1.0 × 10–6

C 1.0 × 10–6 <= I <= 1.0 × 10–5

M 1.0 × 10–5 <= I <= 1.0 × 10–4

X I >= 1.0 × 10–4

Figure 4 — Solar flares are classified 
according to the X-ray energy released in 

the flare. This chart is from www.swpc.noaa.
gov/info/glossary.html#RADIOEMISSION.

Figure 5 — This schematic diagram shows the Gyrator II VLF receiver, with parts list. There is more information at www.aavso.org/images/
fullgyrator.gif.

is dependent on solar energy, our radios 
can detect the changes in the D region at 
both times of day as the sun passes over the 
transmitter/receiver path. There is generally 
a small peak produced at both points on the 
charts (see Figure 11 for a clear example). 
The effect lengthens with an increase in dis-
tance (east/west) between the transmitter and 
receiver.

The Radios
Mark Spencer spent a lot of time in a 

Sep/Oct 2008 QEX article describing a VLF 
radio system, which he designed and built, so 
I will merely provide some basic information 
about my system here.1 The radio I chose 
uses a design by the American Association 
of Variable Star Observers (AAVSO). Since 
the sun is a variable star and easy to observe, 
it is an ideal source. I use the 24.0 KHz sig-
nal from Cutler, Maine, but there are signals 
throughout the country you can monitor. 
Check out the AAVSO Web site for all the 
relevant information and schematics: www.
aavso.org/observing/programs/solar/sid.
shtml (follow the links on this page to equip-
ment and data recording). 

I built the Gyrator II radio using a circuit 

board from Far Circuits (www.farcircuits.
net/receiver1.htm) made for this device, 
making it much easier to build. Most parts 
are available from RadioShack and are 
simply positioned on the circuit board and 
soldered into place. Figure 5 is the schematic 
diagram of the Gyrator II VLF receiver. I 

Figure 6 — Here is a photo of my loop 
antenna.

1Mark Spencer, WA8SME, “SID: Study Cycle 
24, Don’t Just Use It,” QEX, Sep/Oct 2008, 
pp 3-9.
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Figure 7 — This photo shows my complete 
system, with the loop antenna at top left, a 
computer on a shelf and the VLF radio and 
analog to digital converter device in a box 

below the computer.

Figure 8 — Here is a photo of the antenna field for station NAA in Cutler, Maine.

Figure 9 — This schematic is the ADC device from Jim Sky at his Radio Sky Web site: www.
radiosky.com/skypipehelp/skypipe8channelADC.html.
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Figure 10 — Here is a close-up photo with my VLF radio on the left and the ADC device on 
the right.

Stanford Radio - By Bill and Melinda Lord (SARA)
Tim Huynh of Stanford University has designed a simple system to monitor 

Sudden Ionospheric Disturbances (SID). He uses a preamp that feeds a signal 
into a sound card, which records at up to 96 kHz to collect data at very low 
frequencies. The preamp is connected to a one meter loop antenna made of 
400 feet of solid copper wire. The software can be easily configured to monitor 
multiple frequencies. Commonly monitored frequencies used in the US range 
from 21.4 kHz to 25.2 kHz. The unit can monitor from 7.5 kHz to 43.7 kHz.

Since the system can collect several frequencies, the antenna is not tuned. 
The early designs required an 8 foot loop antenna made of 720 feet of solid cop-
per wire, but the current design works with a compact one meter antenna. You 
can increase the sensitivity with a larger antenna if you wish. Stanford is produc-
ing 100 units with the assistance of the Society of Amateur Radio Astronomers 
(SARA) and will be distributing them to schools all over the world.

used an IC socket so I wouldn’t be solder-
ing the IC directly; construction was very 
fast and easy. I used an antenna design from 
Mike Hill — “A Tuned Indoor Loop.” See 
Figure 6. It is easy to make but consists of 
125 turns of magnet wire! Keeping count can 
be a challenge. The wire is wound around 
a small frame (I made mine out of wood). 
This is an easy project, well within the skills 
of any ham. Figure 7 shows my complete 
receiving system.

Another very interesting monitor is 
available from Stanford University for 
about $270 (nova.stanford.edu/~vlf/
IHY_Test/pmwiki/pmwiki.php?n=Main.
HomePage). It uses multiple frequencies to 
monitor flare activity. I have included a short 
summary at the end of this article.

Tuning
I found that using a coil of wire attached 

to a signal generator set to the station fre-
quency (24.0 kHz for Cutler Maine) pro-
vided a great tuning device. Simply turning 
the potentiometer for gain and then tuning 
the radio, searching for the peak voltage out-
put, made short work of it. 

NAA
The NAA transmitter is located in Cutler 

Maine, and is maintained by the Navy for 
communication with submarines. It oper-
ates at 24.0 kHz and has a sister station 
at 24.8 kHz called NLK in Jim Creek, 
Washington. The NAA station occupies 
3,000 acres and used 90,000 cubic yards of 
concrete and 15,000 tons of steel in its con-
struction. It produces a 2 MW signal. The 
antenna consists of 13 towers, the center at 
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Figure 11 — This graph represents data collected on a quiet day, 
when no flares occurred.
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Figure 12 — This graph shows a day with several large solar 
flares. Also notice the peaks at both ends of the graph, 

representing the sunrise/sunset effect.

Figure 13 — This graph is from a day that had an amazing 
X 14.4 flare. 

980 feet above ground, the next six at 875 feet and the last six 
at 800 feet. The antenna consists of 75 miles of 1 inch phosphor 
bronze wire above ground. See Figure 8 for a picture I took on a 
recent visit.

Data Recording/Charts
I record my data through an analog to digital converter (ADC) 

I built using plans at Jim Sky’s Web site (www.radiosky.com/
skypipehelp/skypipe8channelADC.html). The schematic is 
shown in Figure 9. It is a simple device that allows you to gather 
data through the printer port of any computer using Jim’s software 
called Radio-SkyPipe. Figure 10 is a photo of my receiver and the 
ADC in separate project boxes. I use an old laptop with Windows
3.1. I then export the data to floppy disk and bring it to my main 
computer and make the final charts in Microsoft Excel. In Figure 
11, a quiet day with no flares present is shown. Note the peaks on 
both ends — the sunrise/sunset effect. Figure 12 shows a day with 
several large flares. Flares usually appear as upward peaks, but on 
my receiver they appear as downward troughs. These are M1.6 
and M2.3 flares respectively. Figure 13 shows a day with an amaz-
ing X 14.4 flare! Data can be reported each month to AAVSO 
through a simple log program, in which you enter the date and 
begin, peak and end times of each flare.

Conclusion
I hope you will try this simple radio and send your results to 

AAVSO. If you have any questions, comments or concerns, feel 
free to contact me.

Jon Wallace has been a high school science teacher for over 28 
years. He is past president of the Connecticut Association of Physics 
Teachers and was an instructor in Wesleyan University’s Project 
ASTRO program. He has managed the Naugatuck Valley Community 
College observatory and run many astronomy classes and train-
ing sessions throughout Connecticut. Jon has had an interest in 
“non-visual” astronomy for over twenty-five years and has built or 
purchased various receivers as well as building over 30 demonstra-
tion devices for class use and public displays. He is currently on the 
Board of the Society of Amateur Radio Astronomers (SARA) and 
developed teaching materials for SARA and the National Radio 
Astronomy Observatory (NRAO) for use with their Itty-Bitty radio 
Telescope (IBT) educational project. Other interests include col-
lecting meteorites, raising arthropods (“bugs”) and insectivorous 
plants. Jon has a BS in Geology from the University of Connecticut; 
a Master’s Degree in Environmental Education from Southern 
Connecticut State University and a Certificate of Advanced Study 
(Sixth Year) in Science from Wesleyan University. He has been a 
member of ARRL for many years but is not a licensed Amateur Radio 
operator.

For further information check out:
Society of Amateur Radio Astronomers (SARA) — www.radio-

astronomy.org/
AAVSO — www.aavso.org/observing/programs/solar/sid.shtml
Stanford’s SID Program — solar-center.stanford.edu/SID/

sidmonitor/
Ian Poole, G3YWX, Radio Propagation — Principles & Practice,

available from your local ARRL dealer or from the ARRL 
Bookstore. Telephone toll free in the US: 888-277-5289, or call 
860-594-0355, fax 860-594-0303; www.arrl.org/shop; pub-
sales@arrl.org.
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Cadet Thomas Dean, B1JIJ

5 Mohegan Rd, Groton, CT 06340; thomas.dean@usma.edu

A Digital Frequency Hopping 
Spread Spectrum Transmitter

What can you program an FPGA to do? A digital logic class  
project leads to this FHSS transmitter.

1 otes appear on page 16

Software-defined radio is quickly trans-
forming the communications field. Software-
defined radio uses software to perform 
functions such as modulation, demodula-
tion and filtering, all in the digital realm. 
The advantage to this is that it allows for 
systems to be built with fewer components 
than a traditional analog radio architecture, 
and it allows for an incredible amount of 
flexibility within the system, even after it 
has already been produced. There are sev-
eral common approaches to implementing 
a software-defined system. One way that 
most hams may be familiar with can be done 
on a computer and converted to or from the 
analog realm through either a sound card or 
a peripheral such as a Universal Software 
Radio Peripheral. It is also possible to do 
the processing on a programmable chip such 
as a field programmable gate array (FPGA) 
or through the use of an application specific 
integrated circuit (ASIC), microprocessors, 
or DSP chips. In this article I would like to 
present an example of a project that creates 
waveforms by using only two components: 
an FPGA and a video digital to analog con-
verter (DAC). This article will also present 
an introduction to spread spectrum (SS) sys-
tems, which are not commonly seen on the 
amateur bands.

Introduction
This was a project that I designed 

for a digital logic class. The project was 
required to be designed on the Altera DE2 
Development and Education board, using 
an Altera Cyclone II FPGA. The DE2 board 
is designed to allow students to gain experi-
ence programming digital systems, minimiz-
ing the hassle of fabrication. The board is 

also useful for prototyping systems before 
production. This board contains many built 
in I/O devices and interfaces, as well as on 
board memory and displays. See Figure 1. 
For my project, I chose to design a software-
defined frequency hopping spread spectrum 
transmitter. The output of the board contains 
a signal in the range of 24 kHz to 6.2 MHz. 
This signal would have to be converted to 
an amateur band to be used on the air by an 
Amateur Radio operator. That is an opera-
tion that is possible, but somewhat difficult 
to do. Rather than being presented as a fully 
working project, this paper presents a dem-
onstration of the sort of system that could 

be contained in a single chip and how it was 
created. 

The Cyclone II FPGA generates samples 
of the waveform and then sends them to 
an ADV7123 Digital to Analog Converter 
(DAC) to create the IF output of the trans-
mitter. The data rate, frequency range and 
hopping rate of the transmitter are easily 
adjusted within the source code. It would 
not be too difficult to program an interface 
to allow the user to configure these values. I 
used a 100 kilobit per second data rate with 
a 400 kHz hopping rate. There are 16 pos-
sible code division multiple access (CDMA) 
patterns associated with this design, each 

Figure 1 — The Altera DE2 Development and Education Board.
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of which has 255 channels that are spaced 
approximately 24 kHz apart. The total band-
width of the transmitter is 6.25 MHz.

I developed the transmitter portion of 
this project, while my project partner, Cadet 
Adam Royal worked on interfacing it with a 
hex keypad over the expansion header and 
the 2  16 digit LCD display on the DE2 
board. The keypad allowed selection of the 
CDMA sequence and the LCD displayed 
the sequence number. In this article, I will 
present the design and theory behind the 
transmitter.

Frequency hopping spread spectrum 
(FHSS) was chosen in part due to the rela-
tive simplicity of creating the waveform. In 
addition, I chose a spread spectrum mode 
to help me gain a better understanding of 
spread spectrum systems, which are of great 
importance in military and many commercial 
communication systems.

Spread Spectrum Systems
Spread spectrum emissions are not com-

monly seen on the amateur bands; however, 
they offer several advantages over traditional 
narrowband modes. From the point of view of 
military communications, they make it much 
more difficult for a signal to be jammed. For 
example, consider a typical 5 kHz FM voice 
signal. This could be jammed by simply 
transmitting on top of it. If the signal was 
instead hopped over a bandwidth of 30 MHz, 
it would become nearly impossible to jam 
unless the jammer had knowledge of the 
spreading pattern. Commonly used spread 
spectrum modes in the military include the 
Single Channel Ground-Airborne Radio 
System (SINCGARS) and HAVE UICK 
system. The use of a spread spectrum system 
for this purpose is often referred to as an elec-
tronic counter-counter measure (ECCM).

Spread spectrum systems are also of great 
advantage outside of the military. They offer 
resilience to fading and can often be hidden 
below the noise floor. y spreading a sig-
nal across a large portion of the spectrum, 
a communications system will have what is 
known as a process gain. Process gain is the 
ratio of the spread signal bandwidth to the 
unspread (baseband) signal bandwidth, and 
is usually expressed in decibels. For exam-
ple, if a 1 kHz signal is spread over a 100 kHz 
bandwidth, the ratio will be 100, or a 20 d  
process gain. (For more information on pro-
cess gain, see http //en.wikipedia.org/wiki/
Process_gain.) 

Depending on the amount of spreading, 
a system can also gain additional rejection 
of interference. SS systems can offer a way 
for multiple users to send data over the same 
set of frequencies, even though it is a large 
frequency range. Users must simply choose 
spreading codes that have low levels of cor-

relation to each other. This is referred to 
as code division multiple access (CDMA). 
Most protocols under IEEE 802.11 use 
spread spectrum systems to allow multiple 
users on the same frequency range. In addi-
tion, the luetooth protocol as well as many 
cellular telephone networks and GPS sys-
tems employ a spread spectrum modulation 
method.

Programming FGPAs
efore I get into the details of the transmit-

ter design, I will introduce the main compo-
nent of the design — the FPGA — for those 
who aren’t familiar with it. Programming an 
FGPA is slightly different from writing code 
for a computer or microprocessor. An FPGA 
is a very large array of logic cells. Each cell 
contains a number of inputs and outputs, 

and can be programmed to perform a certain 
logic function. Cells can also function as 
counters, adders, or in some cases multipli-
ers. Most FPGAs also have built in SDRAM 
and sometimes incorporate PLLs or DSP 
units into their design. When you write a pro-
gram for an FPGA, rather than defining a set 
of instructions for a processor to follow, you 
are describing how the cells within the FPGA 
are connected.

FPGAs are programmed with a hardware 
description language (HDL). This project 
was coded using VHDL (Very High Speed 
Integrated Circuit HDL), which is similar in 
syntax to ADA. Programming an FPGA can 
be very tricky at first. This may be especially 
true for someone who is familiar with com-
puter programming. The main difference is 
that your code is executed in parallel rather 
than sequentially. Once the code is written, 
it can be synthesized to the Register Transfer 
Logic (RTL) which is a description of how 
registers and logic elements are connected. 
From this, the circuit’s actual wiring can 
be derived. This is useful for purposes of 
simulation, which can be used to determine 
if your circuit will execute properly before it 
is programmed. From here, the circuit is fit-
ted to the chip and complied into a line code 
that can be programmed on the chip. This 
is generally done using a program that is 
provided by the chip manufacturer. The soft-
ware package used in this project is Quartus 
II, a trial version of this package is freely 

Figure 2 — Here is a simple block diagram of a frequency hopping spread spectrum 
(FHSS) system.

Figure 3 — This is a simple block diagram of a linear sequence generator.

Sequence Number: Tap positions:
1  8,4,3,2
2  8,6,5,3
3  8,6,5,2
4  8,5,3,1
5  8,6,5,1
6  8,7,6,1
7  8,7,6,5,2,1
8  8,6,4,3,2,1

Figure 4 — This table shows the tap 
positions for maximal codes.
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available from Altera. The DE2 board is pro-
grammed from a computer US  port using a 
JTAG interface. The programming files can 
also be stored on non-volatile EEPROM, 
which is loaded onto the FPGA each time it 
is powered up.

Design Theory
Frequency Hopping Spread Spectrum 

Communications
There are many different methods for 

spreading data across a wide bandwidth.1

Two of the most common methods are direct 
sequence spread spectrum (DSSS) and fre-
quency hopping spread spectrum (FHSS). 
DSSS takes a signal and multiplies it by a 
pseudorandom noise signal. As a result, the 
signal resembles white noise and simultane-
ously occupies a large bandwidth. In con-
trast, FHSS systems use a pseudorandom 
sequence (known to both the transmitter and 
receiver) to change the carrier frequency.2 In 
my transmitter, the frequency changes at a 
rate faster than the data transmission. FHSS 
is essentially a form of frequency shift key-
ing. 

The data is added to the pseudorandom 
sequence by an exclusive OR (XOR) digital 
logic operation. Then the data can be recov-
ered by XORing the sequence again, since A

B A = B. A block diagram of a typical 
FHSS transmitter is shown in Figure 2.

Generating Pseudonoise
One component that is critical to design-

ing a spread spectrum system is the pseu-
dorandom code generator. The code that is 
generated must be deterministic so that it can 
be decoded by the receiver. Generally, the use 
of a spread spectrum signal is not to protect 
against eavesdropping; this is accomplished 
more effectively through encryption. The 
two important features that must be consid-
ered in the code are called cross-correlation 
and autocorrelation. 

Autocorrelation is a measure of similar-
ity between the code and a phase-shifted 
version of itself. It can be defined as the 
number of times that the values of a phase 
shifted version of the code are equal to the 
values of the original code. This property is 
of extreme importance to our system, due to 
its coherence. For a signal to be decoded, the 
receiver must be able to synchronize its code 
sequence to the transmitted code sequence 
(a process referred to as correlation). If a 
sequence has a high autocorrelation then it 
may become difficult to determine the cor-
rect point to correlate the codes.

Another important property of the code 
is cross-correlation. This property is very 
similar to autocorrelation, but measures the 
amount of correlation of one sequence to a 
different sequence. This property is impor-
tant to our system if it is to allow for CDMA. 
Two communicators may share a single set 

of frequencies only if there is a low level 
of correlation between the set of codes that 
they use.

I first chose a linear code for our system. 
A linear code can be generated by a shift reg-
ister with a configuration similar to the one 
shown in Figure 3.

Consider a code that is generated by a 
sequence generator that has n stages, then it 
would have a length of 2n 1 (a value of zero 
is not possible). Dixon defines a code to be a 
“maximal sequence” if the following proper-
ties apply to this code:3

1) Every possible state exists at some 
point. 

2.) No values repeat themselves within 
one period of length 2n 1.

3.) The number of ones in a sequence 
equals the number of zeros in the sequence 
plus one.

4.) The statistical distribution of ones and 
zeros is well defined and always the same.

A maximal code would be the ideal code 
to use for our system since it has the low-
est possible autocorrelation and is easy to 
generate. Generally, the larger the number 
of states in a system, the better. It will be dif-
ficult, however, to generate a waveform at a 
precise frequency using strictly digital logic. 
Therefore, it is best not to choose too long of 
a sequence. A length of eight bits seemed like 
a reasonable medium. There are sixteen pos-
sible sets of maximal codes that can be made 
from an eight stage generator. The table in 
Figure 4 shows half of these possible codes, 
the remaining eight are the mirror images of 
these codes.4 Figure 5 will clarify how these 
sequences are defined. 

This generator is a shift register that feeds 
back into itself. With each clock cycle, the 
bits are shifted to the right one register. The 
register is tapped at various locations as 
shown, which allows the values on the reg-
ister to be changed in a cyclic process with 
a period of 255 clock cycles. Since this code 
will be used to select frequencies, we will 
want the output to be in parallel. Using the 
values from each register at each clock cycle, 
we will end up with 255 states, correspond-
ing to 255 different frequencies.

Each of the sixteen different possible 
sequences will correspond to different chan-
nels that can be used in the CDMA scheme. 
We are therefore interested in the cross-cor-
relation between each sequence, as this will 
show how often the channels will interfere 
with each other. 

The table in Figure 6 shows an index of 
cross-correlation between half of the codes, 
generated in-phase with each other. It was 
calculated by generating every possible code 
in a Microsoft Excel spreadsheet, and then 
comparing the values of the codes. The index 
represents the number of times that the two 

Figure 5 — This block diagram shows an 8-bit maximal linear code generator. The circles 
with a plus inside represent 1 bit adders (with no carry out), but can also be considered as 

exclusive OR (XOR) gates.

   1 2 3 4 5 6 7 8
1   - 6 7 6 5 4 4 5
2  6 - 13 6 10 4 4 7
3   7 13 - 5 9 4 4 6
4   6 6 5 - 8 6 5 6
5   5 10 9 8 - 8 5 10
6   4 4 4 6 8 - 7 5
7   4 4 4 5 5 7 - 6
8   5 7 6 6 10 5 6 -

Figure 6 — This table gives the cross-correlation values for 8-bit sequences.
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codes shared the same value. With the excep-
tion of approximately five occurrences, this 
only occurred at the beginning and ending 
of the codes. 

This data only shows a very small portion 
of the possible cross-correlation values since 
it is very rare that two codes will be exactly in 
phase. Studies have determined that a maxi-
mal sequence of length eight will overlap the 
remaining fifteen other maximal sequences 
between 31 and 95 times.5 While this may 
not result in any gain in spectral efficiency, 
it would still be possible to achieve error free 
communication using this scheme with suf-
ficient forward error correction.

Convolutional Coding
The purpose of forward error correction 

(FEC) is to add a level of redundancy to a 
transmission to allow the receiver to correct 
some errors.6 These errors can come from 
many sources including thermal noise, jam-
mers or communicators on other channels. 
There are many ways to implement this 
redundancy. One form of forward error cor-
rection that is very simple to implement and 
provides us with a relatively high coding gain 
is convolutional coding. While this code is 
very simple to encode, it is rather complicated 
to decode. This can be accomplished through 
what is known as a Viterbiti decoder;7 how-
ever, that is beyond the scope of this article 
since this project simply focuses on the 
transmitter. Convolutional codes are usually 
specified by three parameters:

n = number of output bits
k = number of input bits
m = number of registers
Not all forms of convolutional code cre-

ate good codes. One commonly used form 
of this code8 is (2,1,7), with tap positions 
defined as:

P1: 1111001
P2: 1011011
This can be done with the encoder shown 

in Figure 7.
This encoder is a shift register, similar 

to the pseudonoise generator described ear-
lier. Instead of XORing bits and feeding 
them back into the register, they are instead 
passed as two separate lines. This provides 
an amount of redundancy within the system. 
In order to use the output of this encoder, it is 
converted into an 8 bit parallel line at a lower 
clock rate, where it can be XORed with the 
pseudonoise bit for bit.

This simple coding technique can allow 
signals that are up to 5 d  weaker to be 
received with the same error rate.9 The disad-
vantage to using this coding technique is that 
it doubles the amount of data that is sent. This 
means that twice the energy is being sent by 
the radio, resulting in a coding gain of 2 d  
(5 d   3 d ). It is also highly effective to add 
Reed-Solomon coding before performing 

convolutional coding. Since Reed-Solomon 
coding is a form of block error correction, 
these two forms of error correction comple-
ment each other very well and result in a 
significant code gain. Reed-Solomon cod-
ing works by creating a polynomial out of 
the data and then adding redundancy by 
oversampling the polynomial. Creating a 
Reed-Solomon encoder on the register level 
is not as hard as it might seem, but the theory 
behind how it is done lies in abstract algebra. 
These two forms of error correction are used 
together in most deep space and satellite 
communications.10

enerating the waveform
After the pseudorandom code is modi-

Figure 7 — Here is a block diagram of a convolutional encoder.

Figure 8 — This waveform results from sampling the look up table once every 255 values.

fied by the data, we are left with a series of 
eight bit values, which can be directly corre-
sponded with a frequency. Determining the 
best way to digitally synthesize a wide range 
of frequencies was perhaps the most difficult 
aspect of this project. The initial method that 
I investigated involved generating clock sig-
nals and then converting these to a sinusoidal 
wave through tunable digital filters. This 
method would be complex from the design 
perspective, but very simple when it actu-
ally came to implementing in hardware. This 
method has been used in the design of wide-
band CDMA systems before, and is referred 
to as pulse shaping.11 Eventually I decided 
not to use this method, and chose to use a 
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Figure 9 — Here, the signal resulting from sampling the look up table every 255 values is 
superimposed on the ideal waveform.

Figure 10 — This is the spectral display of the waveform that results from sampling the look 
up table once every 255 values.

Figure 11 — This is the final block diagram of the transmitter.

large look-up table to generate the wave, 
once I discovered how easily both Quartus II
and the Cyclone II handle internal memory. 

The DAC that is on the Altera DE2 board 
uses a process known as zero-order hold to 
convert a set of digital samples to a piecewise 
analog function. For this project, samples 
will be sent to the DAC at a rate of 50 MHz. 
Each sample will be a ten bit value that cor-
responds to the amplitude of the resulting 
waveform. Sine waves will be generated 
by taking values from a look-up table. To 
change the frequency, I change the number of 
times that the table is sampled. For example, 
if every other value of the table is taken, then 
the resulting waveform will be twice the fre-
quency if all values had been sampled.

Look-up Table
The look-up table must have, at a mini-

mum, twice the number of possible fre-
quencies because of the Nyquist criteria. 
Since there are 256 possible values for the 
frequency, there must be a minimum of 
512 values in the table. Since storage inside 
the chip is not an issue, I chose to double 
this to improve the quality of the waveform 
generated. Then, because of the symmetry 
of the sine wave, the number of entries can 
be reduced to a quarter of a sine wave. This 
results in 256 values in the table. The word 
size within the look-up table must be equal 
to 10, since we are using a 10-bit DAC. The 
final amount of memory needed is 29  10 or 
5,120 bits. A Perl script was found on-line to 
automate the process of making this look-up 
table.12 It came with VHDL code that could 
be used to access the table to generate a sine 
wave. The code had to be modified in order to 
allow for the sampling interval of the table to 
be modified with input. In addition, the code 
used two’s-complement in order to make 
the values of the wave signed. The code had 
to be modified in order to make the values 
unsigned.

pectra
In order to determine the frequencies 

that result from sampling our table we must 
consider that the table will be accessed at a 
rate of 50 MHz or 5 107 times per second. 
If n is equal to the output of the modified 
pseudonoise generator (a value from 1 to 
255), then the resulting frequency will be:

75 10
2048

nf n Eq 1

where 2048 is equal to the period of the 
table. This means that the system will have 
outputs between 24.41 kHz and 6.225 MHz.

When we sample the table at intervals 
that are not factors of 2048, the resulting 
waveform will not be purely sinusoidal. 
Consider when the table is sampled at an 
interval of 255. The resulting signal can be 
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Figure12 — This display is the output of the pulse code modulator (PCM) generator, as given by the ti e  simulation.

Figure13 — The cti e  simulation output of the PCM generator tied to the maximum length code (MLC) generator.

expressed as:

Eq 2
255  
1024

in

e
where n is a positive integer. Figure 8 

displays the waveform graphically. Figure 
9 compares this signal to the desired wave-
form, Sin (255 π n / 1024).

It is evident that the waveform is simply 
not sampled at values corresponding to peaks 
of the wave. To ensure that this imperfec-
tion has no negative impact on the system, it 
can be converted into the frequency domain 
using a discrete Fourier transform. The spec-
trum of the wave is then equal to the square of 
the transform, which is shown in Figure 10.

The desired signal is about 6 d  higher 
than any unwanted products. While this is not 
ideal, it should be small enough not to cause 
unwanted effects on the receiver. The wave-
form generated at this frequency is in fact the 
worst possible waveform. The amplitude of 
the output signal in Figure 8 appears to show 
a low beat frequency. Normally, the output 
signal would be put though a reconstruction 
filter to remove any alias products. If we fil-
tered out any alias products, we would be left 
with a constant amplitude sine wave. 

Imperfections in the aveform
One issue that is presented when convert-

ing a digital signal to an analog is the result 
of imaging occurring at higher frequencies, 
as well as other imperfections that end up 
in the resulting waveform. Due to its zero-
order sample-and-hold operation, a digital 
to analog converter (DAC) will produce a 

distortion in the output spectrum that fol-
lows the function sin(x) / x.13 At 80  of the 
Nyquist frequency, this attenuation will be 
around 12.6 d .14 The maximum frequency 
reached by the system is 25  of the Nyquist 
frequency. While this may cause some roll-
off, it should not be large enough to have 
a significant impact on the performance of 
the system. The roll-off could be countered 
by using a digital filter prior to the DAC to 
counter the effects.15 Another major issue 
in the resulting signal comes from aliasing 
that occurs. Replicas of this signal will occur 
about multiples of the sampling frequency. 
In some cases, it is possible that these rep-
licas will occur within the radio passband. 
Thanks to the sample-and-hold nature of the 
DAC, aliases that fall close to multiples of 
the sampling frequency will be attenuated; 
generally, the greater the sampling frequency, 
the smaller the amplitude of the aliases. One 
additional form of error that will be present 
in the waveform will be noise in the output 
called glitch energy, which is caused by a 
voltage error in the DAC. Analog smoothing 
and low pass filters could be used at the out-
put of the DAC in order to improve the final 
signal. This would help reduce all forms of 
error mentioned above.

Interfacing with the DAC
The actual interface to the ADV7134V 

DAC is very straightforward. All of the wir-
ing was already done on the DE2 board. All 
that had to be done was to properly select 
the output pins on the FPGA to drive the 
chip. The DAC was designed to drive a VGA 

monitor and therefore has separate DACs on 
chip. The samples were sent to the red input 
in this project. In order to get output from 
the DAC, high signals had to be input to the 
BLAN  and SYNC. In addition, the DAC has 
an output impedance of 75 . Therefore 
the signal had to be passed through an RF 
transformer to match the impedance to the 
commonly used 50  output. The signal was 
captured by connecting a VGA cable to the 
VGA port on the board. I cut off the other end 
of the cable and installed a NC connector to 
the red signal in the cable.

Final Block Diagram
The block diagram of the final system is 

shown in Figure 11. The output is intended 
to be the IF signal of a radio. ands which 
would be good choices would include the 
70 cm Amateur band and the 2.4 GHz ISM 
band.

Simulation and Test Plan
The component that created the digital 

signal was first simulated on Active-HDL,
which is an FPGA design and simulation 
tool. The resulting waveform from the 
pulse code modulator (PCM) is shown in 
Figure 12. You can see that the output values 
increase and decrease in periodic fashion.

Next, the maximum length code (MLC) 
generator was added to control the input of 
the PCM generator. Figure 13 shows the 
waveform from this simulation.

While this waveform seems chaotic, 
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you can see that it is functioning properly 
by simply looking at the fourth line on the 
graph, just below the two black lines (labeled 
as Output 9  on the left edge of the graph) 
and the bottom (State Out) line. The fourth 
line represents the most significant bit of the 
PCM. It clearly changes its period when the 
bottom line, which represents the states from 
the PCM generator, changes state.

The test bench code that was used was 
identical in both of these simulations. What 
made them different was that the MLC 
Generator was connected on the second one. 

The next step in the testing process was 
to test the output of the VGA DAC. This test 
served to ensure that all components of the 
radio were working correctly. It is very dif-
ficult to test whether or not the forward error 
correction is working without a working 
receiver, due to the pseudorandom nature of 
the transmitter. 

Results
The waveforms that the DAC produced 

exceeded my expectations. In the time 
domain, the most evident distortion that 
exists is caused by the sample-and-hold 
nature of the DAC. This distortion increases 
as the frequency of the output increases. In 
addition, a small amount of glitch energy is 
present, but this would not have a significant 
impact on the system. Figure 14 shows the 
output waveform at 480 kHz. Figure 15 is the 
output waveform with the transmitter operat-
ing at 5.8 MHz.

Looking at the spectrum of the wave-
forms can give a little more insight into 
the performance of the radio. andwidth 
measurements may not be highly accurate 
because the spectrum was created by having 
a 200 million samples per second oscillo-
scope take fast Fourier transforms (FFT) of 
the waveform. It should be sufficient, how-
ever, to provide a good idea of the function-
ing of the transmitter. Figure 16 shows the 
66 kHz output in both time and frequency 
domains.

Figure 17 shows perhaps the worst case 
output of the radio. A product with signifi-
cant amplitude lies within the 6 MHz band-
width of the radio. The primary product is 
1.36 MHz. The first major product that is 
produced after that is 30 d  lower than the 
intended product and at about three times 
the original frequency. This is an alias of the 
original signal. Figure 18 shows the spectrum 
of the highest frequency generated by the 
transmitter, at about 6.2 MHz.

Figure 19 shows a product that occurs 
outside of the 6 MHz passband of the radio. 
This image occurs at three times the funda-
mental frequency and is 20 d  lower than 
the intended product. Since this lies outside 
the passband of the radio, it would be easy to 

Figure 15 — This oscilloscope photo shows the output waveform with the transmitter 
operating at 5.8 MHz. Note that this should correspond to the worst case  waveform, as 

discussed in the text.

Figure 16 — Here is an oscilloscope photo of a 66 kHz wave and its corresponding 
spectrum. The peak of the spectrum is over 60 dB greater than other products.

Figure14 — This oscilloscope photo shows the output waveform with the transmitter 
operating at 480 kHz.
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Figure 19 — This oscilloscope display shows the transmitter operating at 
4.16 MHz, with a 12 MHz image at 20 dB.

Figure 17 — This photo is of a 1.36 MHz output. The first unwanted product is 
30 dB lower than the output of the fundamental frequency.

remove from the final signal.

Conclusion
This project was intended to explore how 

to develop an FPGA-based transmitter, as 
well as spread spectrum systems. The wave-
forms that we created show that it is very 
possible to use simply an FPGA and a DAC 
to create direct RF signals, or to serve as an 
IF signal in a transmitter. The waveform that 
was created here could easily be improved. 
One significant improvement would be to 
increase the clock speed within the system. 
Altera claims that the DE2 board can be 
driven as fast as 150 MHz. At this speed, tim-
ing would become a big issue. Increasing the 
clock speed would allow a much faster sam-
ple rate, which would in turn reduce aliasing 
and increase the maximum frequency that 
can be created on the board. Additionally, the 
size of the look-up table that was used could 
be significantly increased since the Cyclone 
II chip has just under 500 Kbits of internal 
SDRAM. With both of these factors in mind, 
it should be possible to directly synthesize 
signals in the entire HF band on the DE2 
board. Working with the DE2 board makes 
experimentation very simple since no solder-
ing is required. Creating a receiver would be 
slightly more difficult since the board does 
not contain a high-speed ADC. It is possible 
that one could be interfaced via the GPIO 
expansion port. Alternatively, a narrowband 
signal could be down-converted and then 
processed with the audio ADC on the board. 

Spread spectrum systems are not com-
monly heard within the amateur bands. This 
is primarily because most of the advantages 
of spread spectrum come from their resis-
tance to jamming and their stealth nature. 
Neither of these are particular concerns in the 
amateur community. FCC Rules do provide 
for experimentation with spread spectrum in 
the 70 cm and shorter wavelength amateur 
bands, however.
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2003. He currently attends the United States 
Military Academy at West Point where he is 
studying electrical engineering. Tom serves 
as the president of the Cadet Amateur Radio 
Club, W2 GY. He has taught Amateur Radio 
license classes and serves as the Liaison VE 
for exam sessions given by the club. In his free 
time, besides being on H , he enjoys running, 
swimming and reading. His academic interests 
include software defined radio, satellite com-
munications and complex variable methods in 
partial differential e uations.
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Here is the author’s research on radial systems that do not  
make a full circle around the vertical antenna.

A very common problem with vertical 
ground systems is the impracticality — in 
many situations — of laying down a sym-
metric circle of radials. Some object, fre-
quently a structure or a property line, may 
make it impossible to place radials in certain 
areas around or near the base of the antenna. 
I have received many questions on this sub-
ject so I decided to do some experiments 
where I compared the signal strength (S21)
of a  vertical antenna that has a full 360  
radial fan to one with a substantial portion of 
the radial fan missing in one sector. 

The first part of the experiment was 
done at four frequencies: 7.2, 14.2, 21.2 and 
28.5 MHz. The second part the experiment 
was done at 7.2 MHz only.

Radial Fan Configurations
For this series of tests I chose to use a 

symmetric 360  radial fan with thirty two 
33 foot radials (  on 40 m) as the reference 
configuration (C1). As shown earlier in this 
series, a radial system with thirty two 
radials is usually pretty good. You can add 
more radials, but the gain is relatively small, 
so a 32-radial system is a good compro-
mise, and probably more typical of amateur 
installations. The radials were close to 
on 40 m. Figure 1 shows a plan view of the 
initial radial fan geometries.

The four 180  sectors were arranged in 
relation to the receiving antenna as follows:

1) Radials toward (C2), 
2) Radials away (C3),
3) Radials to the left (C4), and
4) Radials to the right (C5). 

oth right and left configurations, which 
ideally should be identical, were run as a 
check on the consistency of the measure-
ments. 

After running tests using configura-
tions C1 through C5, I realized that some 
additional radial configurations might be 
interesting. In particular I wanted to see how 
much adding some short radials in the miss-
ing sector would improve things. 

I added the configurations shown in 
Figure 2 to the experiment:

Figure 1 — Missing sector radial layouts.
Figure 2 —Additional asymmetric ground 

systems.
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5) A 90  missing sector (7 radials removed, 
25  radials  remaining) (C6). The axis of 
the missing sector was pointed at the receiv-
ing antenna.

6) To C3, which has 17 radials facing 
away, I added an additional sixteen 33 foot 
radials between the seventeen already there 
(33 radials total) (C7). The missing 180  sec-
tor was facing the receiver.

7) To C3 I added fifteen 8.5 foot radi-
als in a fan towards the receiving antenna. 
These are 1 16  radials on 40 m (C8).
C9) To C3 I added fifteen 17 foot radials in a 
fan towards the receiving antenna. These are 
1 8  radials on 40 m.

Test Results
Modeling ground systems with missing 

sectors using NEC indicates that compared 
to a full 360  system we should see both a 
reduction in the peak signal and a distortion 
in the pattern; in other words, a front-to-back 
ratio not equal to 0 d . 

Experimental results are given in Tables 1 
and 2. Note that Tables 1 and 2 show the dif-
ference in d  from the 360  radial fan (C1), 
which is the reference.

Clearly sector radial systems have an 
impact on the radiated signal. In the direction 
of the remaining radials the signal loss is on 
the order of 0.5 d , but in the direction of the 
missing sector the loss is from 1.9 to over 
3 d . If you have a 3 d  loss, that means you 
have lost half your power. Not good! 

The test results qualitatively agree with 
NEC, the peak amplitude is reduced and the 
pattern is distorted when only a partial radial 

fan is employed. The radial system used for 
the tests reported in Table 1 has 33 foot radi-
als, which of course are long for frequencies 
above 7.2 MHz. As we saw in the discussion 
for multi-ground systems (Part 6), the system 
with all 40 m radials gives the best perfor-
mance, even better than if we used thirty two 

 radials tailored for each band. 
The test results for radial configurations 

C6 through C9 are given in Table 2. All of 
these tests were done at 7.2 MHz. 

The first thing we see is that omitting the 
seven radials in a 90  sector (C6) does not 
seem to do too much harm, only 0.44 d . 
Eliminating all the radials in a 180  sector 
(C3) is not good, however ( 1.91 d ). The 
loss jumps by almost 1.5 d  over the 90  
case! 

Taking the radials removed from C1 
(to form C3) and adding them between the 
remaining radials in C3 (C7) helps a little bit, 
reducing the loss by 0.5 d . If, instead, we 
add fifteen 1/16  radials (C8) in the miss-
ing sector we get a similar improvement, 
about 0.4 d . Despite some improvement, 
the signal loss for both C7 and C8 is still 
substantial. What really seems to help is to 
put fifteen 1/8  radials (C9) in the missing 
sector. Unfortunately, that may not always 
be possible.

Some Closing Comments
Overall, it’s pretty clear both from mod-

eling and experiment that sector ground 
systems can reduce your signal substantially 
in some directions and produce a distorted 
pattern. 

What can we do about this  The first thing 
is to remember that the field intensity around 
the vertical increases rapidly as we get near 
the base of the antenna.1 If we move the 
base of the antenna away from the obstacle 
as little as 1/16  or better yet 1/8 , so that 
we can have at least some radials in the sec-
tor towards the obstacle, the losses will be 
reduced. As shown above, 1/8  spacing can 

be quite effective. In the process of moving 
the base away from the obstacle you may 
have to shorten some of the other radials on 
the side away from the structure but that may 
be acceptable. Another possibility would be 
to move the base from the side of the building 
to a corner which might allow the radial fan 
to be increased from 180 to 270 . As the test 
data shows, this can be very helpful.

These experiments were done in an ideal 
situation. There was no actual structure next 
to the antenna. In addition to the losses we 
see in this idealized situation, it is very likely 
that the structure blocking the radial fan will 
increase the loss. It is difficult to estimate 
how much the loss will increase, but it s not 
likely that the building will improve your 
signal! Another factor to consider is the soil 
characteristics. My soil, over which these 
tests were conducted, would be rated as good 
or even very good, depending on the time of 
year. Poorer soils would result in even larger 
negative effects due to the use of a sector 
ground system than those shown in Tables 
1 and 2.

What I have shown here represents only 
a few of many possibilities. It s not possible 
to experimentally examine all possible situa-
tions, but NEC modeling should give you a 
good qualitative feeling for your particular 
situation. One common situation that I did 
not have time to examine experimentally 
is the case where the base is alongside the 
house but not too far from a corner. The con-
ventional wisdom is that you should run the 
radials along the side of the house to the cor-
ner and then fan them out from there. I don’t 
think that can hurt but keep in mind that the 
farther you are from the corner, the less effec-
tive this scheme is likely to be.

Rudy Severns, N L , was first licensed as 
WN WAG in  and has held an Extra class 
license since . He is a consultant in the 
design of power electronics, magnetic compo-
nents and power-conversion e uipment. Rudy 
holds a BSE degree from the University of 
California at Los Angeles. He is the author of 
three books and over 0 technical papers. Rudy 
is an ARRL Life Member, and also an IEEE 

ellow. 

Table 1
Effect of a 180  Sector Ground System on Signal Strength (S21) in a Given Direction Relative to the Receive Antenna

req en C C C C
( ) ar  X ( ) a  r m X ( ) e t ( ) i t ( )

7.2 –0.42 –1.91 –0.82 –0.94
14.2 –0.57 –2.42 –1.20 –1.24
21.2 –0.69 –3.00 –1.24 –1.33
28.5 –0.55 –3.23 –1.26 –1.58

1Rudy Severns, 6LF, “ erticals, Ground 
Systems and Some History,” Q , Jul 2000, 
pp 38-44.

Table 2 
S21 Test Results for the Added Radial 
Configurations

a ial  e eren e
C n rati ns t  C  (  )
C6 –0.44
C3 –1.91
C7 –1.39
C8 –1.52
C9 –0.34
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Waveguide Filters You Can 
uild—and Tune

Part 2
Waveguide Post Filters

1 otes appear on page 25.

In all but the simplest microwave sys-
tems, filtering is needed, to eliminate both 
undesired radiation and unwanted interfer-
ence. For most amateurs, this means copy-
ing some published filter. Simple filters 
often have inadequate performance, while 
more complex ones can be difficult — in 
understanding, fabrication or tuning. Simple 
waveguide filters can be designed to provide 
excellent performance, using available soft-
ware and fabricated in a modestly equipped 
amateur workshop. 

Waveguides have very low loss because 
the energy is contained inside the guide, in 
air, rather than traveling in a conductor. A 
resonant length of waveguide, with very 
low loss, thus forms a high-Q resonator; 
for X-band waveguide, the theoretical Q
approaches 10,000.1 This high unloaded 
Q enables the design of very sharp filters 
with low loss. Since only metal and air are 
involved, and the waveguide dimensions are 
tightly controlled, results are quite predict-
able.

If you need a review of filter terminology 
and design basics, please see Part 1 of this 
series, “Filter Tour,” in the Nov/Dec 2009 
issue of QEX for a brief filter overview with 
minimal mathematics.

The waveguide filters to be described 
here are direct-coupled resonator filters.2

The WG IL program by Dennis Sweeney, 

In this second of his three part series, the author introduces us to a handy  
technique for waveguide filter design and construction.

WA4LPR, does an excellent job of design-
ing either iris or post filters.3 An iris filter 
is more intuitive — each waveguide iris is 
a perpendicular wall across the guide, so 
that two irises create a resonant cavity in a 
section of waveguide. A small hole in each 

iris provides coupling out of the cavity, with 
coupling controlled by the size of the hole. 
Fabrication involves cutting very thin slots 
across the waveguide and soldering an iris 
in each slot.

Waveguide post filters are much easier to 

Figure 1 — This photo shows waveguide post filters in many sizes of waveguide.
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build — just drill a hole through the center 
of the wide dimension, insert a post all the 
way through, and solder both ends. Design 
is a bit more complicated: a post is a shunt 
inductance in the waveguide, which acts both 
as a cavity wall and as an impedance inverter, 
coupling the adjacent cavities. A larger post 
blocks more of the waveguide, so coupling 
is reduced by larger posts. The most difficult 
calculation is the distance between posts for 
a desired resonant frequency, since the diam-
eter of the post also affects the resonance. 
The WG IL program does an excellent job 
here, and I have made several filters that per-
form exactly as expected; a few of them are 
shown in Figure 1. All my successful filters 
are tabulated in Table 1 for those who prefer 
to duplicate a proven design.

Since a waveguide filter is not hard to 
build, and results are predictable, there is a 
temptation to design a really high perfor-
mance filter, with multiple sections. The filter 
may be easy to build, but it is really difficult 
to tune — we must allow for some tuning 
to compensate for construction tolerances. 
A multi-section filter has extremely good 
stop-band rejection, and a mistuned filter 
has no passband — if nothing detectable 
gets through, then it is nearly impossible to 
do any tuning. I have a nice six-section filter 
that I built for 24 GHz that looks great on the 
computer, but I’ve never been able to tune it 
properly, even with a fancy Vector Network 
Analyzer (VNA).

Some very good waveguide post filter 
designs have been published — I can rec-
ommend filters by N6GN for 10 GHz and 
5.76 GHz.4, 5 These are three section (four-
post) filters with good performance that can 
be built and tuned by a reasonably well-
equipped microwaver. Figure 2 shows the 
performance of two 10 GHz filters built and 
tuned in my basement — all the data shown 
is measured with a nice Rohde  Schwarz 

VA VNA (www.rohde-schwar .com) set 
up by Greg onaguide, WA1VUG, at the 
Eastern VHF/UHF Conference in 2008.

The easy-to-build waveguide post filters 
use surplus waveguide and posts of brass or 
copper hobby tubing, available at some hard-
ware stores and hobby shops, or online from 
www.smallparts.com. The hobby tubing 
comes in increments of 1 32 inch diameters, 
so only a few of the smallest sizes are suit-
able for the higher microwave bands, par-
ticularly 10 GHz and 24 GHz. Using stock 
sizes severely limits filter design to a very 
few bandwidths, particularly for multiple-
section filters that require several different 
post diameters.

Simple Double-Tuned Filters
While I was playing with WG IL trying 

to find a better filter using stock tubing diam-

Figure 2 — A graph of the performance of N6GN 10 GHz waveguide filters.

Figure 3 — This sketch represents a three-post (two-section) waveguide filter.

Figure 4 — The performance of two-section (three-post) waveguide filters for 10 GHz are 
shown in this graph.
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eters, it occurred to me that hams don’t need 
multiple-section filters with steep skirts. Our 
main requirement is to reject LO leakage and 
mixer images. The most popular intermedi-
ate frequency is 144 MHz, so a usable filter 
needs perhaps 30 d  of rejection at a fre-
quency 144 MHz away from the operating 
frequency, like the ones shown in Figure 2. 
A balanced mixer provides some additional 
rejection, and the image frequency, twice as 
far removed, will be further down.

This requirement doesn’t seem too dif-
ficult. Perhaps something as simple as a 
double-tuned filter would be adequate. It 
could be a narrow, high-Q filter, because 
waveguide has low loss and a double-tuned 
filter has only two tuning adjustments, and 
they should be identical. Some trial runs with 
WG IL for a two-section (three post) filter 
suggested that several possibilities existed 
using the available hobby brass. Figure 3 is a 
sketch showing the simplicity of these filters. 
This sketch includes integral waveguide-to-

Table 1
Three-Post Waveguide Filters W1GH  2008
Wa e i e req en an i t En  st i  st a in ata    

( ) ( ) iam ( n es) iam ( n es) ( n es) ( )
WR-75 10368 20 0.125 0.250 0.950 WR75-3-20 –42
WR-90 10368 30 0.188 0.313 0.860 WR90-3-30 –34
WR-90 10368 40 0.156 0.313 0.830 WR90-3-40 –28
WR-137 5760 25 0.188 0.406 1.620 WR137-3-25 –41
WR-137 5760 43 0.156 0.375 1.600 WR137-3-43 –34
WR-159 5760 45 0.250 0.500 1.480 WR159-3-45 –33
WR-187 3456 7 0.250 0.438 3.000 (not built) –50
WR-229 3456 50 0.188 0.500 2.500 WR229-3-50 –33
WR-229 3456 28 0.250 0.625 2.540 WR229-3-28 –41
WR-42 24192 140 0.094 0.156 0.360 WR42-3-140 –15
Wit  C lin  re
WR-75 10368 20 0.125 0.281 0.970 WR75-3c-20 –45
WR-75 10368 42 0.094 0.250 0.940 WR75-3c-42
WR-42c 24192 70 0.094 0.188 0.375 WR42-3c-70c –20

Figure 5 — This graph shows the performance of two-section (three-
post) waveguide filters for 5760 MHz.

Figure 6 — The performance of two-section (three-post) waveguide 
filters for 3456 MHz are shown in this graph.

coax transitions.
I did a bit of simulation using the Ansoft 

H SS electromagnetic software, then built a 
couple of filters for 5760 and 10,368 MHz.6
These worked so well that I tried some other 
waveguide sizes and frequencies. Measured 
results are shown in Figure 4 for 10,368 MHz, 
with filters in both WR-90 and WR-75 wave-
guide, with different bandwidths. All provide 
adequate LO rejection for a 144 MHz IF at 
10,368 MHz, with about 0.7 d  of loss at 
the operating frequency. The narrower two, 
WR75-20, with 20 MHz bandwidth, and 
WR90-30, with 30 MHz bandwidth, appear 
over-coupled. The latter one is tuned to one 
of the peaks, the one providing best rejection, 
rather than centered. We shall see later how to 
adjust a filter design for coupling that yields 
a flatter response. 

Figure 5 plots three filters for 5760 MHz, 
in two different waveguides, WR-137 and 
WR-159, with different bandwidths. All of 
these provide at least 35 d  of LO rejection 

for a 144 MHz IF, at 5760 MHz, with about 
0.5 d  of loss at the operating frequency. The 
version in WR-159 waveguide is slightly 
overcoupled, and tuned to one of the peaks, 
rather than centered.

Waveguide filters for 3456 MHz are 
relatively large, but provide excellent perfor-
mance, as shown in Figure 6. Loss of these 
filters is less than d , with a flat response, 
and LO rejection for a 144 MHz IF is more 
than 30 d .

All of these two-section filters were easily 
tuned using basement test equipment, since 
there are only two tuning screws, and the 
screws should have identical settings. Also, 
the dimensions were chosen for ease of tun-
ing, so that tuning would only require a small 
penetration by the tuning screws. 

Over-Coupled Filters
The response of most of these filters has 

a nice flat top, with reasonably steep skirt 
— an ideal Maximally-flat, or utterworth, 
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filter. A couple of them show an overcoupled 
response, with a dip in the middle, how-
ever. These are a little harder to tune, since 
it requires picking the hump that gives the 
best LO rejection, and adjusting accordingly. 
The return loss is particularly sensitive to 
overcoupling; in Figure 7, the return loss is 
very good at the hump frequencies, but not 
as good in between. With ideal coupling, the 
return loss would be good over the whole 
passband. The WG IL calculations are pretty 
good, but not perfect, especially for larger 
post diameters; that’s why it gives a warning 
when the posts are bigger than  of the wave-
guide width. As a result, we don’t always get 
perfect coupling, especially when we round 
off the diameter to the nearest 1 32 of an inch.

I really wanted to make a reproducible 
24 GHz filter, since I don’t know of any that 

Figure 7 — This graph illustrates the double-humped response of an 
overcoupled waveguide filter.

Figure 8 — The performance of waveguide post filters with coupling 
screws, adjusted for a flat response are shown in this graph.

Figure 9 — This graph shows the performance of two-section (three-
post) waveguide filters for 24 GHz, with and without a coupling 

screw.

Figure 10 — This photo shows three-post waveguide filters for 
24 GHz, in WR-42 waveguide.

have been published. Trial runs with WG IL
weren’t as promising, since only two or three 
sizes of hobby tubing are small enough, and 
I only found one promising combination. I 
considered using AWG wire sizes — copper 
wire is readily available — but the diameters 
weren’t right. Some commercial filters use 
multiple small posts rather than a large one, 
but a bit of research didn’t find any simple 
answers for designing them.

I recalled that some commercial filters 
have an extra screw next to each post, and I 
wondered if that varies the coupling. I went 
back to H SS to find out. What I found was 
that the extra screw increases the coupling, in 
effect making the post smaller. This was the 
answer! I also found that the coupling screw 
must be inserted a long way, nearly half the 
waveguide height, to have a significant effect, 

so that small adjustments should be easy. I 
designed and built two more 10 GHz filters 
in WR-75 waveguide, with slightly oversize 
center posts, to try out the coupling screw. 
The coupling screw should decrease the 
effective size of the center post to adjust the 
coupling to the desired response. It worked 
perfectly, as shown in Figure 8. oth filters 
are adjusted for a flat response and centered 
on the operating frequency. The wider one, 
with 42 MHz bandwidth, has lower loss, 
about 0.75 d . The narrow one, with 20 MHz 
bandwidth, has higher loss (about 2 d ) but is 
sharp enough to provide about 20 d  of LO 
rejection for a 30 MHz IF at 10,368 MHz. 
It is not surprising that the sharper filter has 
more loss, since a higher loaded Q is needed 
for the narrower bandwidth.

The coupling screw is next to the center 
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Figure 11 — This graph illustrates the tuning progression for a waveguide filter with a 
tuning screw.

post, halfway between the post and the side 
wall of the waveguide. While it would be 
possible to put a coupling screw next to the 
other posts and make them adjustable also, 
tuning would no longer be straightforward. 
For the simple three-post filters, it is unneces-
sary, and each screw adds a small additional 
loss.

Then I made two filters for 24 GHz, in 
WR-42 waveguide. One was the best com-
bination of available post diameters I could 
find, while the other has an oversize center 
post and a coupling screw. The results are 
shown in Figure 9. oth filters are sharp 
enough to use for a 144 MHz IF at 24 GHz. 
The lower one, with the coupling screw, has 
a nice flat response; the other is slightly over-
coupled and has a bandwidth slightly wider 
than expected as a result. Each has about 
2.5 d  of loss. That’s not bad for a sharp fil-
ter at 24 GHz. These filters were tuned up at 
a single frequency, 24.192 GHz, since I don’t 
have a sweeper for 24 GHz. The plotted data 
was later measured with the VNA without 
any retuning. Figure 10 is a photo of the 
24 GHz filters.

With the addition of the coupling screw, 
tuning these filters becomes very easy. 
Starting with all screws all the way out, the 
two tuning screws are slowly inserted simul-
taneously (turn one, then the other the same 
amount) until some output is found. Then 
peak the output. Since the response is under-
coupled without the coupling screw inserted, 
there will only be a single peak. Next, insert 
the center coupling screw; the output will 
slowly increase, then start to decrease as the 
response becomes over-coupled with a dip in 
the middle. acking the screw out to the peak 
yields the desired flat response. A final trim 
probably won’t make much difference.

The tuning progression is illustrated in 
Figure 11, a simulation of the WR75-42c fil-
ter. The curve on the right shows the response 
before tuning, with no screws present. The 
filter is tuned to some higher frequency. The 
tuning screws alone move the response down 
to the desired frequency, yielding the curve 
labeled “No Coupling Screw.” Then the cou-
pling screw is inserted; at 0.100 inch deep, 
the response flattens and the loss is reduced. 
Inserting the screw farther produces an over-
coupled response, first with a slight dip at the 
operating frequency, and then a huge dip if 
insertion is continued. Most of us would back 
up when the output started to dip.

Some of the filters in Figures 4 and 5, as 
well as one of the 24 GHz filters, show an 
over-coupled response. These designs could 
be improved by making the center post one 
size (1 32 inch) larger and adding a coupling 
screw next to the center post. Then they could 
be adjusted for a flat response.

End Termination
In a waveguide system, these filters only 

need waveguide flanges to connect. Most 
systems for 10 GHz and lower frequencies 
use semi-rigid coax for interconnections, 
however, so a coax-to-waveguide transition 
is needed. The most compact and convenient 
transitions are integral to the filters, one at 
each end. I use the transition dimensions that 
I published in QEX, spacing the transition 
probe at least one waveguide width from the 
end post.7 A matching screw is neither needed 
nor desired. If the dimensions are correct, the 
return loss will be very good. Of course, a 
badly mismatched component following a 
filter can upset the filter response, but the 
place to correct this is not in the filter.

The filters with performance plotted in 
Figure 2 provide a good comparison. One 
has integral coax transitions, while the other 
has waveguide flanges and was tested with 
external transitions. Any slight difference in 
performance is probably due to construction 
tolerances and tuning difference.

Construction
These filters are physically simple to 

build. The posts, tuning screws and coax con-
nectors are all on the centerline of the broad 
dimension of the waveguide. Important 
points are that the posts be accurately cen-
tered on the centerline and that the holes for 

the posts are snug, so that a minimal amount 
of solder is needed to make a good connec-
tion. 

The highest frequency for each resonator 
is set by the distance between the posts. A 
tuning screw can only lower the frequency. 
The distances calculated by WG IL are with 
no tuning screw, so they should be reduced 
slightly to raise the resonant frequency 
and allow a small amount of tuning. I esti-
mate that I can locate a hole within 10 mils 
(0.25 mm), so I reduce the distance by 10 
to 15 mils. Adjust the dimensions for your 
filters according to the tolerances you can 
achieve. With only a small reduction, a very 
few turns penetration of the tuning screw is 
needed. A larger reduction in spacing will 
require more penetration, increasing losses 
and making the tuning more critical.

I measure and mark the centerline and 
hole positions with a cheap caliper, either 
dial or digital, using the points as a scribe 
(this would be criminal abuse with a qual-
ity tool). Then the holes are marked with a 
center punch and started with a small center 
drill. A drill press is essential for drilling the 
holes. For accurate, round holes that fit the 
posts snugly, I find that DeWalt “Pilot Point” 
drill bits work well; lack  Decker “ ullet” 
drills are nearly as good. For larger holes, 
Unibit step drills work very well. A small 
pilot hole drilled through both sides of the 
waveguide will allow making the larger holes 
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from opposite sides.
Screw holes are tapped using the drill 

press to keep them square, turning by hand 
with the motor unplugged. Then the burrs 
inside the waveguide are cleaned up using 
a fine file.

The outside of the guide and the posts 
is cleaned using a Scotchbrite pad — the 
coarser brown variety may be needed for old, 
badly oxidized, waveguide.

If the posts fit snugly, they will need to 
have one end chamfered slightly so that they 
may be pressed in  if they are loose enough 
to fall out, the filter will probably still work 
but it may have higher loss. Then resin paste 
flux is applied around the ends of each post 
where they project from the waveguide. 
Finally, a single ring of thin solder is wrapped 
around each end of the posts and pressed into 
the flux to hold it in place. Tin-lead eutectic 
(63-37) solder is preferred — it will flow 
smoothly and at a slightly lower temperature 
than other solders.

Ends
If the filter includes an integral wave-

guide-to-coax transition, the ends must be 
closed with a short circuit. I use a plate of 
hobby brass a bit larger than the waveguide 
outside dimensions, so that the plate has a 
bit of overhang. I paint the ends of the guide, 
which have been filed square, with solder 
flux, then put the end plates on and clamp 
them in place. Scraps of firebrick or ceramic 
tile insulate the clamps from the end plates. 
Finally, I wind a ring of solder around the 
waveguide and press it into the flux to hold 
it in place.

Preparation for waveguide flanges is 
similar.

Soldering
For soldering with soft solder, I prefer a 

hot air gun to a torch. A hot air gun, the kind 
used for stripping paint, has no flame and 
doesn’t get as hot, so the metal oxidizes less.

I’ve had good results preheating the fil-
ter assembly on a hot plate to near solder-
ing temperature, and then applying the hot 
air gun to each area being soldered. A few 
seconds after the hot air is applied to a spot, 
the ring of solder around the joint will melt 
and flow into the joint. As soon as the solder 
flows around the whole ring, move on to 
the next joint. When all the joints have been 
flowed, use gloves or hot pads to gently move 
the assembly onto a firebrick or other heat-
tolerant surface to cool slowly. 

Summary
The filters described here are intended to 

provide good performance with minimum 
complexity, so that they are easy to design 

and to tune. These waveguide filters offer 
high performance but do require some met-
alworking. Some proven designs are tabu-
lated and the WG IL software is sufficient to 
design custom filters.

All the filters described here are designed 
for “good enough” performance at a par-
ticular microwave ham band. Good enough 
means that commonly used LO frequencies 
and mixer image frequencies are suppressed 
by at least 20 d , and more than 30 d  in 
most cases. This should be adequate to radi-
ate a clean signal and to suppress out-of-band 
interference.

Part 3 of this series will present 
“Evanescent Mode Waveguide Filters.”
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Octave for essel Functions
The author continues to share new ways we can use this 

versatile program for our electronics calculations

1 otes appear on page 29.

With the advent of digital voice modes 
for repeaters, there has been renewed interest 
in the bandwidth of FM signals, as methods 
for getting more out of the repeater alloca-
tions are explored. At its July 2009 oard 
of Directors Meeting, ARRL authorized a 
committee to study narrowband channel 
spacing for the VHF/UHF bands.1

In light of this newly relevant emphasis 
on FM bandwidth, we might be interested 
in the bandwidth of the transmitters we own, 
whether to just think about the matter in a 
more informed way or in order to be able to 
measure what’s really going on.

essel functions of the first kind give us 
a convenient way to measure or calculate 
the bandwidth of an FM signal.2 A chart of 

essel functions appears in Figure 8.9 on 
page 8.6 of the 2010 ARRL Handbook.3 That 
graph is reproduced here as Figure 1. If we 
use a sine wave to modulate an FM trans-
mitter and adjust the modulation so that the 
carrier or one of the sidebands goes to zero 
amplitude, Figure 1 will give us the modula-
tion index for that particular input level to the 
transmitter. Some useful modulation indexes 
are tabulated in the Figure caption. 

Didn’t we do something similar to this in 
Octave for Signal Analysis 4 In that article 
we used the Fast Fourier Transform (FFT) 
of GNU Octave to determine the magni-
tudes (and phases) of the various spectral 
components of an FM signal, and then we 
graphed them.5

Why two seemingly different math-
ematical techniques that yield (almost) the 
same results  Fourier analysis and essel 
function series expansions are different 
ways to express the same information. Like 
computer languages, or written language, 
sometimes one is better than the others for 
the current activity. They both have impor-

tant applications in heat transfer, spectral 
analysis, filter design, and other areas of sci-
ence and engineering. oth are examples of 
generalized Fourier series. Their usefulness 
overlaps in the area of FM signal analysis.

For examining the entire spectrum of an 
FM signal, Fourier analysis is the right tool. 
Fourier analysis can also handle modulating 
waveshapes other than sinusoids. For seeing 
what happens to the sidebands as the modu-

lation index changes, if we can restrict our 
analysis to a sinusoidal modulating signal, 
a graphical presentation of essel functions 
such as Figure 1 is more useful and intui-
tive.

If, however, we want to precisely deter-
mine the amplitudes of the various side-
bands, the GNU Octave FFT will give us 
more precision than will Figure 1. As an 
alternative to using an FFT, though, we 

Figure 1 — This graph illustrates how the amplitude of the FM carrier and the first nine 
sidebands vary with modulation index. The values are plotted in terms of decibels below 
the unmodulated carrier. This is a graphical representation of the mathematical functions 

developed by F. W. Bessel. Note that the carrier completely disappears at modulation indices 
of 2.405 and 5.52.
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might write some Octave code to calculate 
the essel functions displayed in that graph, 
and to determine any of the zero crossings of 
any of the sidebands with considerable preci-
sion and accuracy.

A problem with the essel function, 
though, is that it involves solving a differ-
ential equation that doesn’t have an exact, 
or closed form, solution so we must take 
another approach. (See Note 2.) We’ll use an 
infinite series to represent the essel func-
tions we want. Once we’ve done that for 

essel functions, we’ll have added a power-
ful tool to our software toolbox that can be 
used to approximate the values of many other 
useful functions.

It’s better to call our method a truncated 
infinite series because we can’t carry out 
the addition of the terms infinitely and, as 
is the case for all convergent infinite series 
the terms become smaller and smaller as we 
progress, eventually becoming small enough 
to ignore for any particular purpose.6 We’ll 
include a test to stop the calculation and addi-
tion of terms after we achieve the precision 
we need.

The series that we’ll use is:7
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(Eq 1)

In our Octave code, we’ll calculate the 
value following the summation sign over and 
over again, adding the new incremental value 
to the old sum until the difference between 
two successive values of y becomes small 
enough so that we exit the loop. We can ease 
the load on the computer by moving values 

out of the loop that are always the same. If we 
factor Equation 1 to do that, we get:
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If we want to run this code under a math 
utility other than Octave that doesn’t feature 
the Gamma function, we can make use of 
the fact that  (v  m  1) equals (v  m)
if we restrict v to integer values. (See Note 
7, p 270.)

The code to calculate essel functions is 
listed in Table 1. We’ll use while and end-
while to begin and end the loop. The test in 
the while statement prevents us from locking 
up the computer by looping endlessly. We’ll 
calculate the results of the summation first 
and then multiply by the term we factored 
out. The parentheses around the 1 that is 
exponentiated are important. Without the 
parentheses, the normal operator precedence 
of Octave will cause 1m to be calculated 
first, before the application of the negative 
sign, and that’s not what we want. We want 
“minus one raised to the mth power,” not “the 
negative of the quantity ‘one raised to the mth 
power’.” The correct version here reverses 
the sign with every succeeding term.

Readers interested in learning more about 
Octave may wish to check out the Octave
mailing list. Send an e-mail to mailman-
re uest octave.org with just the word help 
in the message body. You will receive a reply 
with instructions on how to proceed.

Now that we can calculate FM sideband 
amplitudes to any precision we need, how 
about the zero crossings  These are very use-
ful and two of them are given to four signifi-

cant figures in the caption of Figure 1. We’ll 
use a technique called the Newton-Raphson 
Method to calculate the precise location of 
any zero crossing of any of the sidebands. 
(See Note 6.) We’ll find that this technique 
is easy to apply and is useful in many other 
applications where we need to find the argu-
ment of a function that produces a particular 
value of that function.

We’ll ask the user for the sideband num-
ber and an initial estimate from the keyboard. 
We’ll then use Octave’s function besselj,
rather than our own function from Table 1, to 
simplify the code.

What  There’s a function available to 
calculate the essel function in Octave
Well, yes: we wrote our own code to 
show ourselves how to use the truncated
infinite series and to give us some con-
fidence in Octave’s internal function.
If we add a line: printf(“ n ESSEL 
FUNCTION AMPLITUDE FROM
b e s s e l j ( )  =  g ” ,  b e s s e l j ( v,  t ) ) ;
to the code in Table 1, we can compare our 
routine with Octave’s and we’ll see that they 
yield the same results.

Another reason for developing our own 
routine for essel functions is that they are 
pretty useful, not only for frequency modu-
lation calculations, but for filter design and 
analysis. Some of the other math utilities 
we studied in Alternatives to Octave are not 
equipped with an internal essel function 
routine.8 We can now move to any one of 
them with confidence that we can employ 

essel functions as we like, and that we can 
write series approximations for other missing 
functions if we need to do so.

In our quest for zero crossings, we’ll refer 
to Figure 2. Figure 2 doesn’t look much like 
Figure 1. It is, in fact, an approximation to 

Table 1
Bessel Function of the First ind

printf(“\n           BESSEL FUNCTION CALCULATIONS”);
v = input(“\n\n            SIDEBAND NUMBER: “);
t = input(“            MODULATION INDEX: “);

Bessel = 0; temp = 1; m = 0;
while (abs(Bessel - temp) > 1e-7)
  temp = Bessel;
  Bessel += ((-1) ^ m * t ^ (2 * m)) / (2 ^ (2 * m) * factorial(m) * gamma(v + m + 1));
  m = m + 1
endwhile
Bessel *= (t ^ v / 2 ^ v);
Bessel_dB = 20 * log10(abs(Bessel));
printf(“\n         BESSEL FUNCTION AMPLITUDE = %g”, Bessel);
printf(“\n      BESSEL FUNCTION AMPLITUDE IN dB = %g\n\n”, Bessel_dB);
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one of the curves from an earlier Handbook 
in which the levels were not converted to 
d  but were expressed as amplitudes rela-
tive to the unmodulated carrier.9 The code 
in Table 1 prints out values that correspond 
to the “raw” amplitude ratios of the earlier 
figure as well as to the values in d  below 
the unmodulated carrier of the more recent 
figure. The Newton-Raphson method won’t 
work well with the discontinuous curves of 
the newer figure, although that figure is more 
convenient when we want to eyeball what’s 
happening to the sideband levels. 

We’ll first estimate a value x  for the 
zero crossing, which actually occurs at x0 
in Figure 2. We’ll then either calculate or 
approximate the value of the first derivative, 
m, of the function at x . Since analytic differ-
entiation of the essel function is difficult at 
best, we’ll approximate the derivative by cal-
culating values of the amplitude at values of x
that are very close to each other and by letting 
the first derivative be represented by:

f’(x )  (f( )  f(a))  (x   xa) Eq 3

where xa is a point along the x axis very 
close to x and f(n) is the value of the func-
tion at x  n.

We then construct a line, g(x), that is tan-
gent to the curve at f(x ) that passes through 
x  0. The equation for such a line is:

g(x)  g(x )  f’(x )  (x  x ) Eq 4

The line represented by that equation is 
g(x) in Figure 2. If we set g(x) equal to zero 
we can solve for the associated value of x
and we can see from Figure 2 that it will be 

closer to the actual value x0 than is x . We’ll 
then do it over again and achieve an x that 
is even closer to x0. After a few repetitions, 
we’ll have a value of x that will be as close to 
x0 as we like. As our estimates move closer 
and closer to the actual value, they may or 
may not cross to the “other side” of the cor-
rect value along the x axis, depending on the 
direction of concavity of the curve and where 
our original estimate fell.

The code to implement this procedure 
is listed in Table 2. (The Octave code files 
from this article are available for download 
from the ARRL QEX website.)10 The code 
loops using the above procedure while mov-
ing closer and closer to the desired value. 
We’ll use a while loop to stop the procedure 
when we are “close enough.” What is close 
enough  For this calculation, we’ll assume 
that when the value of the amplitude (repre-
sented by y in the code) is less than 0.0001, 
we ought to stop and be happy with the result. 
The command while (abs(y)  0.000 ) tests 
y every time the endwhile command returns 
execution to the top of the loop. The program 
exits the loop and continues on through the 
remaining code when the test condition is no 
longer true. We’ll print out x to give us our 
zero crossing and y to show us the error in 
attempting to reach y  0.

We can change the precision to something 
other than 0.0001 if we like. We can also use 
the Newton-Raphson method in other appli-
cations where we want to find zero crossings 
of functions or, by adding an extra constant 
to the equation, to find at what argument a 
function passes through a particular value. As 
we’ve seen before, it often requires very little 
code to implement a procedure that would be 
pretty complicated and tedious if we were to 
do it manually.

As we’ve discussed before, we need to 
note carefully that the code here will work 
fine for personal use where we know what 
we’re doing. We’ve left out some safeguards 
that are considered good programming prac-
tice because we don’t want such details to 

obscure what we’re doing here and we would 
probably more than double the size of the 
code if we included everything we ought to. 
A couple of relatively standard precautions 
would be:

1. Test inputs to make sure that they are 
valid. When we enter the modulation index, 
for instance, the program ought to issue a 
diagnostic message and reject the input if we 
input a letter or a string;

2. Provide some way to exit the while
loop, in case something goes wrong, to 
prevent locking up the computer. A simple 
counter that exits after, say, one hundred 
iterations would be a good safety feature. The 
following pseudocode while loop is protected 
in that way:

   counter = 0;
   while(something is true)
     do some work;
     counter++; # increment 

the counter
     if(counter > 99)
      break;
   endwhile

counter  increments the counter and when 
the work specified in the loop has been done 
one hundred times, execution will jump 
from the loop to the statement following the 
endwhile statement.

A problem with the Newton-Raphson 
method that affects its use with curves such 
as essel functions is that the initial guess 
value for x needs to be selected relatively 
close to the zero crossing we’d like to find. 
There are some formal requirements for the 
function being evaluated that take care of 
that (see Note 6), but we’ll discuss the main 
difficulty here to see how it affects our use of 
this technique. If we select a value of x near 
a loop (maximum or minimum value) of one 
of the curves, the first derivative will yield a 
relatively flat line that may find an initial zero 
crossing far beyond several other crossings 
that are not close to the one we are seeking. 
The succeeding iterations will home in on a 

Figure 2 — This graph illustrates the 
Newton-Raphson Method of determining the 

modulation index of an FM signal.

Table 2
Newton-Raphson Method for Finding ero Crossings

printf(“\n           ZERO CROSSING CALCULATIONS”);
sideband = input(“\n\n     SIDEBAND NUMBER = “);
x = input(“INITIAL ESTIMATE OF ZERO = “);
y = besselj(sideband, x);
while (abs(y) > 0.0001)
  y = besselj(sideband, x);
  dy = (besselj(sideband, x + 0.000001) - y) / 0.000001;
  x = x - y / dy;
endwhile
printf(“\n  ZERO CROSSING (x) = %g”, x);
printf(“\n      ERROR (y) = %g\n\n”, y);
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zero crossing, but it probably won’t be the 
one we want.

If, for example, we evaluate sideband 
number 1 and select an initial estimate of 
2.0, we get a value x  10.1735. This is a 
valid zero crossing, but it’s not very close to 
the two zero crossings that bracket our initial 
guess.

We’ll try out our code by locating the 
third zero crossing of the carrier with an ini-
tial estimate of 8.5, obtained from eyeballing 
Figure 1. We’ll specify sideband 0 to get the 
carrier. The results are x  8.65373 and y  
4.69302 10 5. This value of x corresponds 
nicely to the third zero crossing, 8.654, as 
shown in the caption of the 8  ARRL 
Handbook, Chapter 9, Figure 3. (See Note 9.) 
That graph is reproduced here as Figure 3.

We’ll also try out the use of the code to find 
a level other than a zero crossing. Let’s say 
that we would like to know the modulation 
index for which the carrier level is dropped 
6 d . That corresponds (approximately) to 
a voltage ratio of 0.5, so we’d like to find the 
modulation index for which the carrier drops 
to 0.5 relative to its unmodulated amplitude. 
From inspection of Figure 1, we estimate 
that the crossing of that amplitude will occur 
at a modulation index of about 1.5. We can 
use Newton-Raphson by bringing the point 
on the curves that normally corresponds to 
0.5 down to 0. We do that by subtracting 0.5 
from the returns of all of the calls to function 
besselj in the code. When we do that we get 
a crossing of 0.5 amplitude at a modula-
tion index of 1.52114 with an error in y of 
3.07862 10 5. If we choose to do so, we can 

generalize the code to permanently include 
the y offset and to accept a user input of the 
offset, which would be zero if we want to find 
a zero crossing.

The Newton-Raphson method gives us a 
powerful tool for finding arguments corre-
sponding to specified outputs for a wide vari-
ety of functions from various applications.
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Figure 3 — This graph illustrates how the amplitude of the FM carrier and the first eight 
sideband pairs vary with modulation index. The values are plotted in terms of amplitude 

relative to the unmodulated carrier. This is a graphical representation of the mathematical 
functions developed by F. W. Bessel. Note that the carrier completely disappears at 

modulation indices of 2.405, 5.52 and 8.654.
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Reader Feedback
I got a note from Peter Anderson, 

C1HR, who wrote a QEX article in 1994 
about using the Harris Digital Down Con-
verter ICs for an SSB receiver.1 These ICs 
implement the sample rate reduction using 
decimation and filtering that we looked at 
last issue. His observation is that the ICs 
from Harris and Texas Instruments are 
fairly old and do not have enough internal 
precision to handle large dynamic range 
for narrow band applications. Many mod-
ern implementations (including the TAPR 
software defined radio) use an FPGA with 
more precision to implement the dedicated 
functions for sample rate reduction. The 
AD9864 is much newer and uses 24 bit
precision internally. This part also starts its 
work from a much lower starting frequency 
than the Harris parts. We will look at using 
this IC in a future column.

I have heard from some of you and 
have started an e-mail update list. I am 
also planning to set up a Web site, so 
we have a place to post updates, correc-
tions, and software resources between 
issues of the magazine. I will continue to 
provide files to post on the ARRL QEX 
files Web site.

Ny uist Meets Real orld
The yquist theorem says that you can 

exactly recreate an analog signal that has 
been sampled by passing the signal back 
into a digital to analog converter (DAC) as 
long as you select the sample rate greater 
than twice the highest frequency compo-
nent of the input signal. The assumption 
is that the input analog to digital converter 
(ADC) and the output DAC perform identi-
cally to the sample theorem that is central 
to the mathematics. The real world is never 
so easy. In general, the ADC comes pretty 
close to converting the analog signal into 
a sequence of samples that matches how 
an actual impulse sample sequence would 
work. Of course, there are noise sources 
that add noise to the system, but those are 
just a normal part of electronic systems. 
We’ll look at noise sources in ADC opera-
tion in the future. 

The DAC system, on the other hand, 
suffers from a serious disconnect between 
the math and the electronics. The math 
assumes that we are going to convert a 
sequence of infinite height pulses with 
an area equal to the sample value into a 

Figure 1 — This is a graph of the frequency spectrum for 2 kHz sample rate and 
frequencies from dc to 1 kHz. The shaded area shows the RMS output that will be 

achieved at each frequency in the first Nyquist zone. The envelope is the magnitude of 
the sinc function.

Figure 2 — Here is a graph of the frequency spectrum for CD audio that is sampled 
at 192 kHz. The shaded area shows how the sinc function affects frequency. Without 

compensation, the frequencies near 20 kHz are only attenuated by 2  ( 0.18 dB).
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continuous signal. A low pass filter (espe-
cially a brick wall filter) will convert those 
impulses into the appropriate sine waves 
with the proper amplitude and phase. As 
the low pass filter becomes less than a 
brick wall, the conversion allows more of 
the energy at higher frequencies to leak 
into the output and distort the waveform. 
So our first problem on output conversion 
is the fidelity of the low pass reconstruc-
tion filter. 

The next problem comes from the way 
a DAC works. Mathematicians call this a 
er  r er l  circuit. You can think of the 

zero order hold function as an electronic 
transform that converts the rectangular im-
pulse (infinite height, zero width, but finite 
area) into a rectangular pulse that is one 
sample period wide with the same area 
as the input impulse. Remember that the 
impulse sequence created a comb in the 
frequency domain, with all of the elements 
having the same height and containing 
all harmonics of the sample frequency, 
out to infinity. When you run the impulse 
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Figure 3 — Part A is a graph of a 10 Hz sine wave and the 
DAC output of the 10 Hz sine when sampled at 2 kHz. The 

area between the two plots is extremely small, so very little 
energy appears at the DAC output at harmonics of the sample 
frequency. At B is a graph of a 400 Hz sine wave and the DAC 

output of the 400 Hz sine when sampled at 2 kHz. The area 
between the two plots is quite large, so there is substantial 

energy at the DAC output at harmonics of the sample 
frequency. Part C shows the DAC output spectrum for a 10 Hz
signal and a 400 Hz signal when sampled at 2 kHz. The energy 
for the 10 Hz signal appears at full strength just to the right of 
the axis. The 400 Hz signal is down 0.5 dB from full strength. 
The 10 Hz signal is almost imperceptible in the second, third, 
and fourth Nyquist zones. The 400 Hz signal has substantial 
energy in each of the higher Nyquist zones. It is only 12 dB

below the fundamental in the second Nyquist zone.
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sequence through a zero order hold (the 
DAC), you change the frequency content of 
the resulting signal. The signal still extends 
to infinity, but the phase and amplitude vary 
with frequency. That variation is defined by 
the function (sin x)/x. This function is called 
the sinc function. Enter i i dac sinc 

nction in your search engine to see a 
mathematical explanation.

Let’s look at an example in which we 
have our DSP use a sample rate of 2 kHz,
so our yquist area extends from dc (zero 
hertz) to just below 1 kHz. We will assume 
our system has a brick wall filter at 1 kHz. 
We can have our DSP create a direct digital 
synthesis sine wave with 1  RMS, and 
vary the frequency from 1 Hz up to 999 Hz. 
Figure 1 shows the actual RMS output 
voltage we measure versus frequency. 
Figure 1 also shows several yquist zones 
beyond the first, so you can see the shape 
of the sinc function over a larger frequency 
range. otice that the output voltage from 
the DAC and low pass filter is only 0.637
for the 999 Hz waveform.

One way to solve the problem so that 
all frequencies from dc to 999 Hz have 
1  RMS is to change the low pass recon-
struction filter to have a shape that is the 
inverse of the sinc function. This method 
is frequently used but hard to implement 
with analog filters. The preferred option is 
to apply the inverse sinc compensation to 
the digital samples. 

The sinc function issue was a problem 
for CD audio (and computer audio since 
it originally used CD technology) when it 
was first introduced in the mid 1980s. The 
CD sample rate of 44.1 kHz was about the 
fastest that could easily be implemented 
at 16 bit resolution 25 years ago. This put 
the yquist frequency at 22.05 kHz, and 
allowed reasonable analog reconstruction 
filters that were able to cut off at the upper 
audio range of 20 kHz. CD audio players 
had to implement filters to compensate 
the higher frequencies because of the 
sinc problem.

You will notice that the sinc waveform is 
essentially flat very near dc. If we sample 
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Figure 4 — Part A is a plot of the samples 
and original waveform of a 20 kHz CD audio 
tone when sampled at 44.1 kHz, along with 
the DSP spectrum. Part B shows a plot of 
the spectrum of a 20 kHz CD audio tone 

after inserting nine zero samples between 
each original sample. Note that the spectrum 

contains equal height tones that are two 
20 kHz sidebands around each harmonic of 
the original 44.1 kHz sample frequency. The 
bottom graph shows the spectrum and sinc 
reduction after the top spectrum is passed 
through the interpolation filter. The strength 

of the output has improved from 3.9 dB down 
to only 0.18 dB down. In Part C we have a plot 

of the DAC output for the 20 kHz CD audio 
tone after a 10  interpolation filter.
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at a higher frequency, we can move the 
highest frequency of interest closer to the 
top part of the sinc waveform and lower 
the amount of compensation needed or 
ignore compensation altogether. In the 
case of CD audio, our highest frequency 
of interest is approximately 20 kHz. If we 
sample at 200 kHz, we move all of our 
information to the bottom 20  of the sinc 
function. Figure 2 shows the effects of 
using 192 kHz sampling (the current high 
end in common computer sound cards). 
The amount of compensation needed for 
excellent fidelity is much smaller. A good 
rule of thumb is that sampling at least 
ten times more than the required yquist 
rate will essentially eliminate the need for 
compensation.

We have looked at the math reason 
for sinc and seen a way to mitigate its 
effects, but why does it happen  Fig-
ure 3A shows a sine wave and its DAC 
waveform for 10 Hz with 2 kHz sampling. 
Figure 3B shows a sine wave and its DAC 
waveform for 400 Hz with 2 kHz sampling. 

otice that the 10 Hz sampled waveform 
is a very close approximation to the sine 
wave. There is almost no variation from 
the actual sine wave. The 400 Hz wave-
form is another matter. otice that there 
is significant area between the true sine 
wave and the DAC waveform. All of the 
area between the DAC waveform and the 
actual sine wave represents energy at fre-
quencies other than 400 Hz. That energy 
shows up in the second, third and higher 

yquist zones. For the 10 Hz waveform, 
we see that the harmonic energy in the 
upper yquist zones falls under a very 
low part of the sinc function. This fits with 
our earlier observation that the size of 
the difference from the actual waveform 
is proportional to the energy in the higher 

yquist zones.

ample Rate p Conversion
If we could take our CD audio at 

44.1 kHz sample rate and increase the 
sample rate to 441 kHz (a 10× increase 
in sample frequency), we could eliminate 
a lot of the error in the signal compared 
to the original. One way to accomplish 
this sample rate conversion is to take two 
adjacent samples and draw a straight line 
between them. For our 10× increase in 
sample rate we would add 9 new samples 
with values between the two original 
samples. This is called interpolation, so 
the process of sample rate up conversion 
is called interpolation. This method does 
not really solve the problem. In the case 
of a sine wave at 20 kHz, we will have a 
sequence of sloped lines. The error is less 
but the error is still substantial.

We looked at sample rate down con-
version (also called decimation or digital 
down conversion) in the ov/Dec ’09 
installment. The first application was to 
reduce the sample rate using a low pass 
filter, which made the first yquist zone 
smaller in frequency range. This allowed 
the frequency range to more closely match 
the capabilities of our digital signal proces-
sor. There is an inverse operation that uses 
the same principles to increase the sample 
rate, and therefore increase the size of the 
first yquist zone. Let’s look at our 20 kHz
CD audio tone again. 

I mentioned the limited frequency 
range of the DSP view of our signals last 
time, but did not go into detail. When we 
sample a waveform in the real world and 
convert it into the DSP world, we reduce 
the frequency domain from the real world 
infinite to the perfect, exact, and limited 
DSP frequency domain. The CD audio 
example has frequencies that extend 
from –22.05 kHz to 22.05 kHz and nl
those frequencies exist for the purposes 

Figure 5 — A simplified block diagram of the AD9857 transmitter IC showing two stages of interpolation and a final translation to RF 
using an image reject mixer.  All functions occur in digital circuits prior to the output DAC.  Down- load the data sheet from analog.com 

to see a more detailed block diagram.

of the math. The boundaries are entirely a 
consequence of the sample frequency. If 
we do a frequency domain plot (Discrete 
Fourier Transform) of our 20 kHz audio 
tone, we get a single line at –20 kHz and 
another at 20 kHz, and no other spec-
trum lines show up while we are working 
with DSP. 

DSP interpolation uses the math to 
do a couple of transformations on the 
data. Figure 4A shows The input sine 
wave, the samples, and a frequency plot 
for a 10 sample sequence of the 20 kHz
signal sampled at 44.1 kHz (22.7 s be-
tween samples). Figure 4B shows what 
happens if we create a new sequence by 
adding nine zero samples between each 
of these original samples with 2.27 s
between each sample (441 kHz sample 
rate). otice that the frequency plot now 
has equal height lines at –200.5 kHz, 
–196.4 kHz, –156.4 kHz, and so on, up to 

200.5 kHz. These frequencies represent 
the fundamental at 20 kHz as well as the 
sum and difference between each har-
monic of 44.1 kHz and the 20 kHz signal. 
It is a relatively simple matter, using DSP 
techniques, to create a brick wall low pass 
filter that will pass all frequencies below 
22 kHz. The resulting sequence of sam-
ples is now 100 samples long, with each 
sample being a reasonable approximation 
to the 20 kHz sine wave. The process of 
adding the zero samples and low pass 
filter can be combined in one operation, 
and is called an interpolation filter.

otice that our brick wall filter has to 
be pretty good, since it must pass 20 kHz
and completely reject 24.1 kHz. A system 
with a signal so close to the top of the first 

yquist zone is a candidate for doing a 
2× interpolation first, to move the first two 
sets of signals further apart and make 
the filter less critical. We haven’t looked 

QX1001- ac 05
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at filters in detail yet, but the ratio of filter 
bandwidth to total bandwidth affects the 
computer resources. A filter with a ratio of 
0.5 requires significantly less CPU power 
than a filter with a 0.1 ratio. This is similar 
to the analog world, where a 500 Hz CW 
filter requires a lot more crystals for sharp 
skirts than a 6 kHz AM filter.

We looked at band pass decimation 
in the ov/Dec ’09 issue, where we were 
able to increase the ratio of our signal 
bandwidth to total DSP bandwidth and 
also change the frequency of the signals. 
Again, the inverse function works for us. 
It is very easy to start with audio from 
300 Hz to 3 kHz and create a DSB sup-
pressed carrier signal in DSP at 200 kHz,
for example, with an 800 kHz sample rate. 
Then we can create a DSP brick wall band 
pass filter to create either upper sideband 
or lower sideband by filtering. ow we 
can use the same zero sample insertion 
method we talked about above to raise 
the sample rate. We could insert four zero 
samples between each original sample 
to increase the sample rate to 4.0 MHz. 
This would result in new transmitter 
signals at 200 kHz, 600 kHz, 1000 kHz,
1400 kHz, and 1800 kHz. We can create 
a band pass filter centered on any one of 
these signals to simultaneously increase 
the sample rate to avoid sinc issues as 
well as translate the SSB signal to a new 
frequency. An interesting example would 
take the new 200 kHz signal and create 
a 2× interpolation filter to increase the 
sample rate again to 8.0 MHz. The band 
pass interpolation filter can be centered 
at 3.8 MHz to move our original 200 kHz
SSB signal to the 75 m band without any 

analog operations, other than the final 
DAC step with its reconstruction filter. 
Another interesting example would band 
pass select the 1000 kHz signal and use a 
3× interpolator to generate an SSB signal 
at 5.0 MHz for the 60m band.

The interpolation and digital filtering for 
the higher frequencies is frequently per-
formed by an FPGA in modern systems. A 
large FPGA can contain the logic to insert 
the zero samples and perform the multiply/
accumulate functions of the digital filtering. 
The interpolation is a fixed function and 
does not lend itself to the general purpose 
capabilities of a DSP computer.

The AD9756 and AD9857 are interest-
ing ICs from Analog Devices. These parts 
implement the core of a digital radio trans-
mitter. Both parts implement a 200 MHz
sample rate system, but the AD9856 has 
a 12 bit data path and the AD9857 has a 
14 bit data path. The block diagram for the 
parts is shown in Figure 5. The intent of 
these parts is that you will create a base-
band version of your transmitter signal with 
both  and Q versions. The sample rate of 
the baseband signal is then interpolated 
from perhaps 1 MHz or 10 MHz up to the 
final sample rate of the system (potentially 
as high as 200 MHz). The interpolation 
is the low pass baseband variety rather 
than the band pass up conversion type. 
The chip then uses the  and Q output of 
a direct digital synthesizer to create an im-
age reject mixer that operates entirely on 
digital samples. The result is a transmitter 
signal that is entirely digital until the DAC 
connects to the antenna. This would be a 
QRPP signal, since the DAC can directly 
generate about 10 dBm at its output. The 

IC actually has three modes. The first is the 
transmitter mode just described. It can also 
be used as a DDS single tone generator 
for applications like a local oscillator. The 
third mode just operates as a baseband 
interpolation filter and DAC to raise the 
sample rate.

Future Issues
Thanksgiving and Christmas breaks 

are coming, so my intention is to use the 
extra time to create experimental boards 
for both the AD9857 and the AD9864. The 
goal is to create an SSB transmitter for 
160 m through 6 m (including 4 m for the 
U ) where the generation is done entirely 
in the digital world, with the exception of 
the final power amplifier. The AD9864 is 
billed as a 10 MHz to 300 MHz digital 
receiver IC. It will be interesting to see if it 
is possible to rearrange the connections 
to create a companion receiver that will 
receive the same frequency range. This 
IC first converts the input to a frequency 
between 1.6 MHz and 3 MHz, so it is not a 
true “connect to antenna” software defined 
radio IC. It samples the output of the mixer 
with a 24 bit ADC and processes it in a set 
of decimation filters to drop the frequency 
down to the 200 kHz range.

Another task is to develop some soft-
ware to demonstrate both decimation and 
interpolation. I have finally realized that I 
cannot avoid having a in  development 
system. So much of the resources for the 
Stamp are developed only on in  and 
must be adjusted to work with Win s
based tools. My system isn’t all the way 
built yet, so that is another task for the 
holidays.
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Tech Notes

Mike Hamel, WO1 Dave Cripe, NM S

5 Ridge Rd, Essex Junction, T 05452; wo1u@arrl.net 118 Hilltop Dr E, Mt ernon, IA 52314; nm0s@arrl.net

1 otes appear on page 36.

More on Phase Controlled
Differential Drive (or)
Outphasing Modulation of High 
Efficiency Amplifiers

It has bugged me for some time that there 
must be a better way to modulate a high ef-
ficiency switch-mode RF amplifier than by 
using a modulated power supply. Also, since 
there are numerous and very old references 
to linear amplification using non-linear com-
ponents (LINC), it is surprising how little of 
this kind of work is being done by Amateur 
Radio operators. It was this thinking that 
prompted my article “Phase Controlled Dif-
ferential Drive for EER Amplifiers” in the 
Sep/Oct 2009 issue of QEX.1 One goal of 
the article was to start some discussion on 
the subject, and also to see if I could learn of 
some better techniques from this discussion. 
I have since received a lot of comments and 

Figure 1 — This screen shot shows the schematic diagram of the outphase modulated amplifier from the pice schematic capture program.

notable corrections.
Shortly after publication of the article, Dr. 

Fritz Raab, W1FR, alerted me to the correct 
term for the technique (outphasing), and cited 
a number of great references including the 
1935 Chireix patent of outphasing amplifiers. 
Dr. Raab also alerted me to the fact that a 
fully differential phase modulator must be 
used to avoid phase modulation appearing 
at the output. While reading these references 
and searching for more about the technique, 
I found another reference to using the out-
phasing technique to drive a pair of identical 
Class E stages and combining the output. 
R. A. eltran, F. H. Raab and A. Velazquez 
presented “HF Outphasing Transmitter us-
ing Class-E Power Amplifiers” at the IEEE 
Microwave Theory and Techniques Society 
2009 International Microwave Symposium,

in June 2009.2

I then received a letter from David Cripe, 
NM S, pointing out many of the issues I had 
run into, and also alerting me to the original 
references on these techniques. In discus-
sion with Dave about the amplifier in the 
article, he also described an effective dual 
Class E outphasing configuration that was 
simpler than the circuit of the eltran, Raab 
and Velasquez article. This design maintains 
high efficiency across full modulation more 
effectively than the CMCD configuration of 
my QEX article. 

Comments From NM
It is well-known that when the outputs of 

two power amplifiers are directly combined, 
a phase difference in their drive signals will 
result in a current between them, causing an 
asymmetry in their respective voltage and 
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current waveforms. Chireix, the inventor of 
outphasing, discovered an output network 
that would maintain near-optimal tuning of 
the two PA sections as the differential phase 
between them was varied.

Particular care must be taken in the design 
of highly efficient switching power ampli-
fiers operating Class-E or Class-F that are 
intended for outphasing modulation. The 
mutual load-pulling of the outputs of the two 
PAs under outphasing can cause their opera-
tion to become extremely inefficient, possibly 
resulting in their failure. The eltran, Raab 
and Velasquez circuit is noteworthy in that 
it successfully applies a variation on the 
concepts of Chireix to allow Class-E power 
amplifiers to be outphased, yielding a cir-
cuit with excellent efficiency throughout its 
modulation range.

A much simpler solution to the problem of 
combining Class-E PAs to permit outphasing 
modulation actually comes from the world of 
high powered AM and Shortwave broadcast 
transmitters. The outputs of two, identical 
(not outphased) transmitters are commonly 
combined through two, equal inductors. 
This permits a degree of imbalance or phase 
error between their outputs to exist without 
damaging either transmitter. To do the same 
with a pair of Class-E power amplifiers seren-
dipitously results in performance very similar 
to that of the eltran, Raab and Velasquez 
circuit, with much less complexity.

1  Models the Design

Figure 1 shows the schematic diagram 
of a 500 kHz version of the NM S ampli-
fier configuration, as created by an LTSpice
model.3 Figures 2 and 3 each show a screen 
shot of the simulation output at 20  and 
full output level respectively. Note that the 
efficiency at twenty percent output is 65  
and at full output it is 96 . In a real ampli-
fier it is difficult to achieve such high actual 
efficiency due to non ideal characteristics of 
real components. 

Output level is changed by adjusting the 
delay in the PULSE Spice directive of V1 or 
V2. It should be noted that in this amplifier, 
full output is achieved when the drive signals 
are in phase and minimum output occurs 
when drive is 180  out of phase. Care must 
be taken to ensure that the second harmonic 
is well filtered, since the minimum output 
point at the desired frequency is where the 
maximum second harmonic level occurs. A 
third order Cauer low pass filter is shown. 
This filter was designed to have a notch in the 
stop band at the second harmonic frequency, 
1 MHz.

This amplifier can be scaled to ham band 
frequencies by choosing component values 
with the same reactance in the frequency range 
of interest. The model uses components built 
into the LTSpice libraries and no customiza- Figure 3 — This is an pice screen shot of the amplifier waveforms at full output.

Figure 2 — Here is an pice screen shot of the amplifier waveforms at 20  output level. 
One trace is the RF carrier, and the other is the dc supply current.

tion was done. I cannot say enough good 
things about the LTSpice design tool; it is free 
and easy to use and available for download 
from the Linear Technology Web site. 

In summary, a viable design is presented 
here that addresses the shortcomings of the 
CMCD outphased amplifier described in the 
Sep/Oct 2009 QEX article. The configuration 
was modeled and results are presented. The 
LTSpice model file is available for download 
on the QEX files Web page.4

I would like to thank Dr. Fritz Raab, 
W1FR, and Dave Cripe, NM S, for their 
valued input and encouragement. This will 
make a great winter project, and I hope this 
Tech Note will inspire others to experiment 
in this area.

Notes
1Mike Hamel, WO1U, “Phase Controlled Dif-

ferential Drive for EER Amplifiers,” Sep/Oct 
2009 QEX, pp 31-34.

2R. A. Beltran, F. H. Raab, A. elazquez, “HF 
Outphasing Transmitter using Class-E Power 
Amplifiers”; nternati nal i r a e m
si m June 2009, pp 757-760; (ISB : 978-1-
4244-2804-5).

3Linear Technology offers i e for free 
download. This i e  circuit simulator 
includes schematic capture and waveform 
viewer enhancements. Go to www.linear.
com/designtools/software/.

4The author’s i e circuit simulation files 
are available for download from the ARRL 
QEX Web site. Go to www.arrl.org/qexfiles
and look for 1x10_Hamel.zip
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Experimental Determination of 
Ground System Performance for 
HF Verticals — Part 5 (Jul/Aug 
2009)
Dear Larry,

The work of Rudy Severns, 6LF — the 
latest in the Jul/Aug 2009 issue of QEX — 
needs to be made available to a much wider 
audience. I d like to suggest that his series 
be summarized for the Q  audience 
which, I believe, is much less technically 
knowledgeable than that of QEX. Better still, 
his findings should be incorporated in the 
next edition of e  ntenna .

The piece by Bob avrel, W7SX, in the 
same issue of QEX is a beautiful presenta-
tion  For those not as technically inclined: 
read, and believe the Conclusions on page 
33. They effectively refute the mythology 
and mumbo jumbo heard on the air with 
increasing frequency. It, too, belongs in the 

ntenna .
 er   im lsen r   an n n  

et es a    w3kmn@aol.co

Hi Jim, 
Thanks for the kind words. I hope this 

information helps people.
   e erns      

C tta e r e    n6lf@arrl.net 

Hi Jim,
Thank you for very much for your com-

ments. ARRL Technical Editor Joel Hallas, 
W1 R, has been talking with 6LF about a 
summary of his QEX articles for publication 
in Q .

—  arr  W l an  W  QEX
E it r  lwolfgang@arrl.org

Maximizing Radiation 
Resistance in Vertical Antennas 
(Jul/Aug 2009)
Dear Mr. avrel,

The Jul/Aug issue of QEX arrived today, 
and I was just beginning to peruse your 
article when I noticed repeated references 
to a publication by “John rauss.” The clas-
sic ntennas by John D. raus has for many 
years been my Bible for antenna engineer-
ing.

Respectfully, unless you are referring to a 
newcomer of whom I am unaware, the 
spelling of John’s surname remains 
“ raus.”

I look forward to finishing your article.
  n  ats n  W Q   nter  

r  stin  X  w4ttq@arrl.net

Hi Don,
Thank you for your comments. I hope you 

enjoyed reading the entire article. Of course, 
Bob and I both know how to spell Dr. raus’s 
last name, and I sincerely apologize for that 
error  I even had his book out of our 
Technical Library to check that referenced 
text. Ten lashes with a wet antenna wire for 
both of us. 

  arr  W

Letters, ResCad.exe Program Files
Sep/Oct 2009)
Hi Larry,

Thanks for the tip regarding esCa  in 
the Sep/Oct issue of QEX. This will be a 
useful addition to any electronic toolbox. 
Searching the Web, I found that this little 
package normally includes a short text file 
explaining its use. This text file was not part 
of the package that I downloaded from 
www.arrl.org/qexfiles. The program’s 
author permits the free distribution of the 
program but suggests that the text file be 
included in any distribution. The full distribu-
tion, including the text file, can be down-
loaded from www.armory.com/ rstevew/
Public/Software/.

I found an interesting comment from 
Terry Pinnel, a hobbyist in the U  who 
points out that esCa  can be applied to 
capacitors too, if serial and parallel modes 
are interchanged. You can read Terry’s com-
ments at http://sci.tech-archive.net/
Archive/sci.electronics.
basics/2004-11/1310.html.

I look forward to each issue of QEX.
  a e reen  E   amilt n 
e  tta a    E  Cana a  ve3tly.

gu9z@ncf.ca

Hi Dave,
Thank you for that additional information 

about esist r C . The Web site given in 
the Sep/Oct Letters column did not include 
the RESCADREADME.TXT file. I have now 
downloaded the complete package and 
placed the new 9x09_rescad.zip file on the 
ARRL QEX Files Web site.

  arr  W

Some Thoughts on Crystal 
Parameter Measurement 
(Letters, Sep/Oct 2008)
Editor,  Magazine,

Jim oehler, E5FP, was kind enough to 
point out a rather serious typographical 
error in the crystal resonance equations in 

– TOO MANY TO LIST ALL –

s m

s mLetters to the Editor



38 QEX – January/February 2010

1 4 /sm T mf f R R

Where  is the source and load resis-
tance (assumed equal) in the fixture.

It should be mentioned that the factor  in 

my letter published in the Sep/Oct 2008 
issue of QEX. The parallel-resonant fre-
quencies of maximum impedance ( ) and 
of zero phase ( ) are symmetrically above 
and below the nominal parallel-resonant 
frequency, not the series-resonant fre-
quency indicated by the equations as pub-
lished.

For reference, here is the complete set of 
equations, hopefully correct this time

The motional series-resonant frequency 
is

1 / 2sm m mf L C

where m and Cm are the motional induc-
tance and capacitance of the standard crys-
tal model (Figure 1).

Including the effects of the motional resis-
tance m and the shunt capacitance C , the 
series-resonant frequencies of minimum 
impedance ( s ) and of zero phase ( s ) are

s smf f

s smf f

where

2
0(1 / 2 )( / )sm mf Q C C

2 /sm m mQ f L R

The nominal parallel resonant frequency 
(what the parallel resonant frequency would 
be if m were zero ohms) is:

0

0

1 /
     1 0.5 /

pm sm m

sm m

f f C C

f C C

The corrected equations for the parallel-
resonant frequencies that include the effect 
of m are

p pmf f

p pmf f

where  is the frequency of maximum 
impedance and  is the parallel-resonant 
frequency of zero phase.

One common measurement technique is 
to place the crystal under test in series 
between a signal source and measuring 
device. The source and load impedance are 
typically 50 , however lower impedances 
are used in some test systems for better 
measurement accuracy. The frequency of 
maximum transmission of such a pi-net-
work circuit is not equal to any of the three 
previous definitions of series-resonant fre-
quency. It is

Figure 1—Equivalent circuit for a quartz 
crystal.

the above equations is an approximation 
that is most accurate when the ratio of the 
reactance of C  to m is as high as possible. 
For most crystals the approximation is very 
good. Some high-frequency overtone crys-
tals have a low-enough Q, however, that the 
motional resistance may approach the 
reactance of the shunt capacitance, which 
degrades the accuracy of the approxima-
tion.

  lan l m    s lam s 
 anta sa  C   n1al@arrl.net

Hi Alan,
Thank you for sending the detailed infor-

mation about the equations from your ear-
lier letter.

  arr  W

Upcoming Conferences
2010 Southeastern VHF  

Society Conference

April 23-24, 2010
Morehead State University in 

Morehead entucky

The Southeastern VHF Society is calling 
for the submission of papers and presenta-
tions for the upcoming 14th Annual South-
eastern VHF Society Conference to be held 
at Morehead State Univeristy in Morehead, 
KY on April 23rd and 24th, 2010. Papers and 
presentations are solicited on both the tech-
nical and operational aspects of VHF, UHF 
and Microwave weak signal Amateur Radio. 
Some suggested areas of interest are:

 Transmitters 
 Receivers 
 Transverters 
 RF Power Amplifiers 
 RF Low Noise Pre Amplifiers 
 Antennas 
 Construction Projects 
 Test Equipment And Station Acces-

sories
 Station Design And Construction 
 Contesting 
 Roving 
 DXpeditions 
 EME 
 Propagation (Sporadic E, Meteor Scatter, 

Troposphere Ducting, etc.) 
 Digital Modes (WSJT, etc.) 
 Digital Signal Processing (DSP) 

 Software Defined Radio (SDR) 
 Amateur Satellites 
 Amateur Television 

In general papers and presentations on 
non weak signal related topics such as FM 
repeaters and packet will not be accepted but 
exceptions may be made if the topic is related 
to weak signal. For example, a paper or pre-
sentation on the use of APRS to track rovers 
during contests would be considered.

The deadline for the submission of papers 
and presentations is February 5, 2010. All 
submissions for the proceedings should be in 
Microsoft Word (.doc) format. Submissions 
for presentation at the conference should be 
in Microsoft PowerPoint (.ppt) format, and 
delivered on either a US  memory stick or 
CDROM, or posted for download on a Web 
site of your choice.

Pages are 8  by 11 inches with a 1 inch 
margin on the bottom and  inch margin 
on the other three sides. All text, drawings, 
photos, etc. should be black and white only 
(no color).

Please indicate when you submit your 
paper or presentation if you plan to attend 
the conference and present there, or if you 
are submitting just for publication. Papers 
and presentations will be published in bound 
proceedings by the ARRL. Send all ques-
tions, comments and submissions to the 
program chair, Robin Midgett, K4IDC, via 

IDC comcast.net.

pcoming Conferences  
continued on page 40.
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200 QEX  
Feature Articles 
A Cybernetic Sinusoidal Synthesizer (Stein-

baugh): Part 1: Mar/Apr, p 3; Part 2: May/
Jun, p 21; Part 3: Jul/Aug, p 3; Part 4: Sep/
Oct, p 21

A DDS- ased Signal Generator (Koehler): 
Nov/Dec, p 3

A Homecrafted Duplexer for the 70 Centime-
ter and (Moneysmith): Sep/Oct, p 10

A Protocol for Multicast Weather Data Dis-
tribution Over AX.25 (Luther): Jan/Feb, 
p 41

A Simple S-Parameter Test Set for the 
VNWA2 Vector Network Analyzer 
( aier): May/Jun, p 29

A Small, Simple, US -Powered Vector Net-
work Analyzer Covering 1 kHz to 1.3 GHz 
( aier): Jan/Feb, p 32

A Versatile Two-Tone Audio Generator for 
SS  Testing (Grant): Mar/Apr, p 25

Alternatives to Octave (Wright): Jul/Aug, 
p 25

An Easily Erected 20 Meter Antenna for 
Emergency Use ( immerman): Sep/Oct, 
p 17 

An E NEC Model (side bar to Maximizing 
Radiation Resistance in Vertical Antennas) 
( avrel): Jul/Aug, p 30 

Atomic Frequency Reference for Your Shack 
(Miller): Sep/Oct, p 35

eam Steering on 160 Meters (Kean Jr): 
Nov/Dec, p 25

ottom Fed   Antenna Feed Point Impe-
dance (side bar to Maximizing Radiation 
Resistance in Vertical Antennas) ( avrel): 
Jul/Aug, p 31
uild a Low-Cost Iambic Keyer Using 
Open-Source Hardware (Chapman): Sep/
Oct, p 3

Crystal Ladder Filters for All (Hardcastle and 
Steder): Nov/Dec, p 14 

Experimental Determination of Ground 
System Performance for HF Verticals 
(Severns), Part 1: Jan/Feb, p 21; Part 2: Jan/
Feb, p 48; Part 3: Mar/Apr, p 29; Part 4: 
May/Jun, p 38; Part 5: Jul/Aug, p 15; Part 
6: Nov/Dec, p 19

Exploring Near-End-Fed Wire Antennas 
(Skelton): Mar/Apr, p 33

Impedance of Free Space (side bar to Maxi-
mizing Radiation Resistance in Vertical 
Antennas) ( avrel): Jul/Aug, p 29 

Index, 2008 QEX: Jan/Feb, p 63
Integration of Currents in Vertical Antennas 

(side bar to Maximizing Radiation Resi-
stance in Vertical Antennas) ( avrel): Jul/
Aug, p 33

Maximizing Radiation Resistance in Vertical 
Antennas ( avrel): Jul/Aug, p 28 

NimbleSig III (Alldread), Part 1: Jan/Feb, 
p 3; Part 2: Mar/Apr, p 16; Part 3: May/
Jun, p 10 

Octave for SWR (Wright): Jan/Feb, p 37 
Phase Controlled Differential Drive for EER 

Amplifiers (Hamel): Sep/Oct, p 31
Series and Parallel Losses (side bar to Maxi-

mizing Radiation Resistance in Vertical 
Antennas) ( avrel): Jul/Aug, p 29 

Some Assembly Required — How to Write 
a Simple Microcontroller Program (Mon-
roe): Mar/Apr, p  6

Splat!: An RF Signal Propagation, Loss and 
Terrain Analysis Tool (Magliacane and 
Walker): Jul/Aug, p 9 

Statement of Ownership, Management and 
Circulation: Nov/Dec, p 13 

TAPR Announces HPSDR Mercury Direct-
Sampling Receiver: Jan/Feb, p 57 

Tech Notes: SID: Study Cycle 24, Don t Just 
Use Cycle 24 Follow-Up (Spencer): Mar/
Apr, p 35 

The “Chicken Wire Wonder  — A Unique 
roadband Vertical Antenna for the HF 
ands (Warnagiris): Jul/Aug, p 18 

The W6VSV “ ackyard Antenna Test 
Range  (Melvin): May/Jun, p 3

Transceiver to Amplifier Relay Interface 
(sidebar to Some Assembly Required — 
How to Write a Simple Microcontroller 
Program) (Monroe): Mar/Apr, p 8 

Universal VFO Controller (Hillard): May/
Jun, p 33 

Unusual Terrain Influence on VHF/UHF 
Propagation (Hawley): Jan/Feb, p 26 

Waveguide Filters You Can uild — and 
Tune, Part 1: A Tour of Filters (Wade): 
Nov/Dec, p 40 

About the Cover
A Cybernetic Sinusoidal Synthesizer, Part 3: 

Jul/Aug, p 1 
A DDS- ased Signal Generator: Nov/Dec, 

p 1 
uild a Low-Cost Iambic Keyer Using Open-
Source Hardware: Sep/Oct, p 1 

Cybernetic Sinusoidal Synthesizer: Mar/
Apr, p 1 

NimbleSig III: Jan/Feb, p 1
The W6VSV “ ackyard Antenna Test 

Range:  May/Jun, p 1 

s m

s m
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Emipirical Outlook (Wolfgang)
New Hams and Upgrades: May/Jun, p 2
28th ARRL/TAPR Digital Communications 

Conference: Nov/Dec, p 2 
e Prepared!: Mar/Apr, p 2 

Can You Teach an Old Dog New Tricks : 
Sep/Oct, p 2 

Dayton: Jul/Aug, p 2 
Looking at 2009: Jan/Feb, p 2 

Letters to the Editor
A Cybernetic Sinusoidal Synthesizer: 

(Jul/Aug 2009) (Monico): Sep/Oct, p 46 
A Versatile Two-Tone Audio Generator 

for SS  Testing (Mar/Apr 2009) ( uus, 
Grant, Hicks): Jul/Aug, p 43-45 

An Automatic Noise-Figure Meter (May/
June 2007) (Koehler, Wolfgang): Mar/
Apr, p 46 

Appalachian Golden Packet Attempt 
( runinga): Jul/Aug, p 46 

ARRL/TAPR 2008 Digital Communica-
tions Conference DVD Set (Pearce): Mar/
Apr, p 46 

roadband Impedance Matching (Nov/Dec 
2008) (Huber): Jan/Feb, p 61 

roadband Impedance Matching (Nov/Dec 
2008) (Schultz): Mar/Apr, p 45 

Exploring Near-End-Fed Wire Antenna 
(Mar/Apr 2009) (Skelton): Jul/Aug, p 43 

Fully Automated DDS Sweep Generator 
Measurement System (Nov/Dec 2008) 
(Green): Sep/Oct, p 45 

New Version of HAMCALC Program Coll-
ection (Murphy): Sep/Oct, p 46 

NimbleSig III — A Dual Output DDS RF 
Generator and Low Level RF Power Meter 
— Part 3 (May/Jun 2009) (Chadwick, All-
dread): Jul/Aug, p 45 

Optimum Lossy roadband Matching Net-
works for Resonant Antennas (Sep/Oct 
2008) (Witt): Jan/Feb, p 61 

Press-n-Peel Circuit oard (Sep/Oct 2008) 
(Mendelsohn): Jan/Feb, p 60 

Receiver Performance Measurement and 
Front End Selectivity (Sep/Oct 2008) 
(Chadwick, Rech): Jan/Feb, p 58 

Thanks for the SDR Column (Morris): Mar/
Apr, p 46 

VHF Frequency Multiplication Using the 
SA602 IC (Jul/Aug 2008) (Mand, Post): 
Jan/Feb, p 58 

VHF Frequency Multiplication Using the 
SA602 IC (Jul/Aug 2008) (Anderson): 
Mar/Apr, p 45 

Out of the Box (Mack)
An Overview of Oscilloscopes; New RF 

MOSFET Source: Sep/Oct, p 48

Reader s Page
Gary Johnson, W 9JPS, Woodworking/

Amateur Radio Projects (Wolfgang): Jan/
Feb, p 62

GPS Disciplinizer for a uartz Oscillator 
(Daretti): Mar/Apr, p 47 

GPS-Derived Frequency Standard Imple-

mentation (Sep/Oct 2006) (Thomaidis): 
Mar/Apr, p 47

SDR Simplified (Mack)
Classic Amplitude Modulation: Jul/Aug,

p 36 
Introduction to I and : Jan/Feb, p 53
Mea Culpa; Hardware Update; Resource 

Update; Sampling, Nyquist and Spectrum; 
Discrete Fourier Transform and Filters; 
Multirate Signal Processing; Sample-
Radio Down Conversion: Nov/Dec, p 44

Sampling Theory and How the Theory Works 
in Practical Situations: Mar/Apr, p 4 

The Stamp — Development System Hard-
ware Setup: May/Jun, p 43

Tech Notes
On Elevated Radials ( elrose): Jul/Aug,

p 34 

pcoming Conferences
13th Annual Southeastern VHF Society Con-

ference: Mar/Apr, p 48
28th Annual ARRL and TAPR Digital Com-

munications Conference: May/Jun, p 47; 
Jul/Aug, p 47; Sep/Oct, p 47

35th Eastern VHF/UHF Conference: Mar/
Apr, p 48 

43rd Annual Central States VHF Society 
Conference: May/Jun, p 47; Jul/Aug, p 47

AMSAT Satellite Space Symposium and 
Annual Meeting: Jul/Aug, p 47

AMSAT-NA Celebrates 40th Anniversary: 
Sep/Oct, p 47 

Microwave Update 2009: May/Jun, p 48; Jul/
Aug, p 48; Sep/Oct, p 47

Southwest Ohio Digital and Technical Sym-
posium: Jan/Feb, p 62 

Society of Amateur Radio 
Astronomers 
July 4-7, 2010

ational Radio Astronomy 
Observatory

Green Bank, West irginia
Call for Papers: 2010 Annual Meeting 

The Society of  Amateur Radio 
Astronomers (SARA) hereby solicits papers 
for presentation at its 2010 Annual Meeting 
and Technical Conference, to be held  July 
4 through 7, 2010, at the National Radio 
Astronomy Observatory (NRAO), Green 

ank West Virginia. Papers on radio astron-
omy hardware, software, education, research 
strategies, and philosophy are welcome. 

SARA members or supporters wish-
ing to present a paper should email a let-
ter of intent, including a proposed title and 
informal abstract or outline (not to exceed 
100 words) to the SARA vice president at 
vicepres radio-astronomy.org, no later 
than 1 March 2010. e sure to include your 
full name, affiliation, postal address, and 
e-mail address, and indicate your willing-
ness to attend the conference to present your 
paper. Submitters will receive an e-mail 
response, typically within one week, along 
with a request to proceed to the next stage, 
if the proposal is consistent with the planned 
program. A formal Proceedings book will be 
published in conjunction with this meeting. 
Papers will be peer-reviewed by a panel of 
SARA members with appropriate profes-
sional expertise and academic credentials. 
First-draft manuscripts must be received 
no later than 1 April 2010, with feedback, 

acceptance, or rejection e-mails to be sent 
within two weeks thereafter. Upon final edit-
ing of accepted papers, camera-ready copy 
will be due not later than 1 May 2010. Due 
to printer’s deadlines, manuscripts received 
after that deadline will not make it into the 
Proceedings. Instructions for preparation and 
submission of final manuscripts appear in a 
“Guidelines for Submitting Papers”
document on the SARA Web site at www.
radio-astronomy.org/node/ .

The last three year’s Proceedings were 
a landmark accomplishment for our organi-
zation. Please help the Society of Amateur 
Radio Astronomers to make the 2010 edition 
even better!

44th Annual Central States
VHF Society Conference 

July 22–24, 2010, 
Doubletree Inn

Bridgeton, Missouri
Presentations aren’t necessarily techni-

cal — they cover the breadth of the VHF/
UHF ham radio hobby. Highlights in past 
years have been demonstrations of Software 
Defined Radio and LASER Communication 
beyond line-of-sight. Presentations gener-
ally vary from 15 to 45 minutes and step you 
through the highlights of the topic at hand, 
with complete texts published as articles in 
the proceedings. Further details and a Call for 
Papers were not available at QEX press time. 
In past years, papers for presentation at the 
Conference and inclusion in the Proceedings
book as well as posters for table-top display 
during the Conference have been solicited.

Upcoming Conferences
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